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THE SUPERSONIC INTERFEROMETER AND 
ABSORPTION MEASUREMENTS* 


By W. D. HERSHBERGER 
Signal Corps Laboratories, Fort Monmouth, New Jersey 


ABSTRACT 

The previously developed theory of the supersonic interferometer is extended with 
the particular view of utilizing it for absorption measurements in gases. It is shown 
that the mechanical impedance of the interferometer is 

Z=2)+Z(l) 
where Zo = j(mw — s/w) +r 
Z(l) = Acp/tanh 2al + (Acp/sinh 2al)e# 
sin 2kl sinh 2al 


6 = — arc tan ————_————__ 
cos 2kl cosh 2al — 1 


That is, if reactance is plotted against resistance we obtain an impedance spiral with 
center (Acp/tanh 2al, 0) and radius Acp/sinh 2al. The action of the interferometer is 
studied in terms of the properties of the spiral. Absorption measurements are effected by 
compensating for the changes in the equivalent series electrical resistance because of 
changes in / by adjusting a shunt resistance across the crystal so the e.m.f. is held 
constant, irrespective of /. Absorption in the medium is calculated from the values of 
shunt resistance for the path lengths of interest. Measurements were taken at three 
frequencies in the range 899.0 kc to 2514 kc. The quantity 2a? as measured by the 
interferometric method is not constant but shows a systematic change with frequency. 


INTRODUCTION 


Sound absorption measurements at supersonic frequencies together 
with measurements on dispersion when it exists give us information of 


* This paper is published with permission of the War Department and was presented at 
a symposium on supersonics held at the University of Michigan, November 28, 1932. 
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considerable theoretical importance. The supersonic interferometer 
furnishes a method for obtaining such data. This paper presents a 
further development of the theory of the interferometer with the par- 
ticular view of utilizing it for the measurement of absorption coeffi- 
cients. The instrument here employed uses quartz crystals as oscillators 
which control frequency in an electrical circuit, which generate sound 
waves from exposed faces, one such face being coupled to a fluid column 
of variable length, and which detect the resulting reaction of the stand- 
ing waves thus set up on the system. 

Considerable work has been done previously in absorption deter- 
minations at supersonic frequencies. Abello! reports measurements in 
which he employed driven quartz as a generator of sound but he did 
not use the principle of the interferometer. Pielemeier? employs a Pierce 
circuit and computes a coefficient from the changes in the magnitude of 
the circuit reactions with changes in the acoustic path length. He 
justifies this electrical method by simultaneously taking measurements 
with a torsion vane and attaches the greater weight to the determina- 
tions by the latter method.’ Kistiakowsky and Richards‘ employ an 
interferometer with a magnetostrictive sound source radiating into dis- 
sociating nitrogen tetroxide for dispersion measurements and from elec- 
trical readings compute a coefficient in a manner similar to that of 
Pielemeier. Klein and Hershberger’ have shown experimentally that the 
particular coefficient thus determined is a function not only of ab- 
sorption in the gas but of the circuit constants as well. Rogers® shows 
the effect of carbon dioxide and water vapor on absorption in air, using 
quartz for a sound source and a torsion vane to measure sound pres- 
sures. Hubbard’ drives a quartz crystal at resonance and develops a 
theory which permits him to evaluate absorption coefficients in terms 
of measured electrical quantities. The experimental difficulty encount- 
ered in driving a quartz crystal with its low internal losses at resonance 
led the writer to prefer to use a regenerative circuit with the crystal 
controlling frequency. Hubbard also points out that his measurements 
reveal considerably more sound transmission into the reflector than 


1T. P. Abello, Proc. Nat. Acad. Sci. 13, 699 (1927); Phys. Rev. 31, 1083 (1928). 

2 W. H. Pielemeier, Phys. Rev. 34, 1184 (1929); Phys. Rev. 36, 1005 (1930); Phys. Rev. 
41, 833 (1932). 

3 W. H. Pielemeier, Phys. Rev. 36, 1667 (1930). 

4 G. B. Kistiakowsky and W. T. Richards, J. Am. Chem. Soc. 52, 4661 (1930). 

5 E. Klein and W. D. Hershberger, Phys. Rev. 36, 1262 oe 

6 H. H. Rogers, Phys. Rev. 41, 369 (1932). 

7 J. C. Hubbard, Phys. Rev. 41, 523 (1932). 
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might normally be expected which transmission he attributes to reso- 
nance in the reflector. 

The theory of the piezoelectric plate coupled to a fluid column of 
variable length has been given by both Hubbard and the writer. In 
Hubbard’s® treatment the effect of sound transmitted into the re- 
flector is taken into account. This is essential when the fluid is a liquid 
and the reflector a material as metal or glass. However, in the experi- 
ments here reported reflectors having a composite lead and brass struc- 
ture to eliminate resonance effects were employed and hence a coeffi- 
cient of reflection of unity may safely be assumed. 


THEORY 


The writer’ in a previous paper developed the theory of the inter- 
ferometer using an impedance method and the application of this 
theory, and its further development will now be pointed out. It was 
shown that the mechanical impedance of the interferometer at its 
driving point may be written: 


Z=Zo+ Ri) + 5X) (1) 
where 
Zo = j(mw — s/w) +4 (2) 
R(l) = Acp sinh 2al/(cosh 2al — cos 2kl) (3) 
X(l) = — Acp sin 2kl/(cosh 2al — cos 2kl). (4) 


Z, is the mechanical impedance of the crystal itself considered apart 
from sound radiation, while R(/) and X(l) are resistance and reactance 
components, respectively, arising from the reaction of the fluid column 
of length / on the crystal. a is the amplitude damping constant and 


k = o/c. (5) 


Hubbard has plotted R(/)/Acp and X(l)/Acp as functions of /. An 
examination of his curves or of the expressions (3) and (4) above shows 
that R(l) is always positive and attains maximum values’? when 
l=n(d/2) and minimum values when /=(2n+1)dA/4. Thus radiation 


8 J. C. Hubbard, Phys. Rev. 38, 1011 (1931). 
® W. D. Hershberger, J. Acous. Soc. Am. 3, 263 (1931). 

10 This statement as well as those following which deal with maximum and minimum values 
of X(I) are not strictly true. Absorption as well as the crystal frequency and the velocity of 
sound in the fluid determine the quantity represented by A. Obviously, the correction to ve- 
locity obtained by taking absorption into account is small and may be neglected excepting 
for highly absorbing gases. See D. G. Bourgin, J. Acous. Soc. Am. 4, 108 (1932) for a rigorous 
expression for the shift. 
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into an absorbing medium is always attended by a flow of energy from 
the crystal but the rate of dissipation reaches a maximum for certain 
critical values of /. On the other hand, X(/) is negative when 2n(\/4) 
<1<(2n+1)d/4. That is, for these ranges of column lengths the fluid 
column in effect adds stiffness to the crystal raising its frequency. X (J) 
is positive when (27+1)A/4</<2n(A/4) which means an added mass 
and a decrease in frequency. Also X(/) is equal to zero when / =n(d/4) 
and for these values of / the fluid column has no influence on frequency 
excepting for a second order effect arising from changes in R(/). 

In discussing the reaction of the fluid column it is somewhat more 
convenient to deal with a polar expression for Z(/), which is the sum of 
R(l) and jX(l), than with these separate impedance components. Thus 
we introduce a new function, P(/), defined as follows: 


P(l) = R(l) — Acp/tanh 2al. (6) 
If we now square P(/) and X(l) and add the squares we obtain: 
[P(d) |? + [X() |? = (Acp/sinh 2al)?. (7) 


Eq. (7) represents an impedance spiral, or to a first approximation, if / 
is already large with respect to a half wave-length and a is small, an 
impedance circle with a center having coordinates (Acp/tanh 2al, 0) 
and a radius Acp/sinh 2al. 

A portion of such a spiral obtained by plotting R(l)/Acp against 
X(l)/Acp is shown in Fig. 1. We may introduce an angle 6 defined by 
the following equation: 


sin 2&l sinh 2al 
= — arc tan —————— 
cos 2kl cosh 2al — 1 


(8) 
and write Z(l) as follows: 
Z(l) = Acp/tanh 2al + (Acp/sinh 2al)e*. (9) 


Eqs. (8) and (9) are modified if we take into account the effect of 
transmission of sound by the reflector. If r is the reflection coefficient 
of the reflector and m=e?#'/r, Eqs. (8) and (9) become: 


Z'(1) 


Acp(m? + 1)/(m? — 1) + Acp[2m/(m? — 1) |e#® (9’) 
(m? — 1) sin 21 


6’ = — arctan —————_—————__ 
(m? — 1) cos 2kl — 2m 


(8’) 
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If we assume that the crystal oscillates at a frequency which remains 
constant irrespective of /, because of the smallness of Acp, given by 


wo” = s/m (10) 


excepting in certain special cases" the reactance term in Z» vanishes 
leaving a resistance r to account for losses in the crystal mounting and 
those due to internal friction. With regard to Z(l) the component 
Acp/tanh 2al is always purely resistive and with r locates the center of 





Fic. 1. Impedance spiral for a=1.0, K=2x/0.024 and 0.240</<0.252. OM =R(I)/Acp; 
OH =X(l)/Acp; 0P=Z(l)/Acp; 0'M =P(l)/Acp; 00’=1/tanh 2al; 0’P=1/sinh 2al; 0OD= 
1/0E=tanh al; 0= <MO0’P. 


the impedance spiral for any given value of /. The total mechanical 
impedance of the system consisting of crystal and fluid column coupled 
to it at wo is the sum of three impedances: (1) a resistance r, (2) a 
resistance Acp/tanh 2al, and (3) a complex impedance whose magnitude 
is Acp/sinh 2al but whose angle depends on the phase of the reflected 
sound reaching the crystal and upon absorption in the gas. These im- 
pedance components are shown graphically in Fig. 1. 


1 W. D. Hershberger, Physics 2, 269 (1932). 
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The impedance spiral serves to portray more clearly the cyclic nature 
of the impedance changes which take place as a function of 1, a and k 
than does a consideration of the separate impedance components. The 
following features are pointed out as having special physical interest: 
(1) the position ot the center; (2) the length of the radius vector; (3) the 
values of / for which X(/) =0 and P(/) =0; (4) the relationship between 
6 and 22l. 

The position of the center is a function of a and / only and is situated 
on the axis of resistance between plus infinity for /=0 and Acp, the 
limiting position for large values of /. That is, as the path length is in- 
creased, the resistance added by the fluid column approaches a steady 
value, namely, Acp. The length of the radius vector also is a function of 
a and / only. This length shrinks to zero as / increases without limit. 
Changes in it as / is vaied are used in computing absorption coefficients, 
since this permits the elimination of certain interferometer constants in 
the calculations. 

In Fig. 1, in which R(/)/Acp is plotted against X(/)/Acp the radius 
vector O’P rotates in a clockwise direction about O’ as a center through 
2m radians each time / is increased by a half wave-length, the terminal P 
tracing the impedance spiral. 0, the angle between O’P and the axis of 
resistance, is opposite in sign to 2k/ and decreases by 27 radians as 2l 
is increased by this amount. The figures inside the spiral are values of 
2kl in degrees. / is the parameter varying along the spiral. d0/d/ attains 
a maximum value when 22/ is equal to 2mm and a minimum value when 
2k/ is equal to (2n+1)x. The fact that d@/di is variable causes the 
curves obtained on plotting X(/) and R(/) against / to depart from the 
sinusoidal form and it may be used in calculating damping somewhat 
following the method of Kennelly and Pierce” in determining the 
damping constant of a telephone receiver from the rate of change of 
angular velocity around its motional impedance circle. 

When / has such a value that P(/) =0, X(l) takes either its maximum 
or its minimum value and the greatest change in crystal frequency due 
to column reaction may be expected. On the other hand, when / has 
such a value that X(/) =0, R(/) takes either its maximum or its mini- 
mum value and the greatest change in crystal amplitude due to column 
reaction is found. Pierce’ obtained his measurements on the frequency 
change employing values of / for which R(/) takes its minimum value for 
one frequency measurement and its maximum value for a second meas- 


12 A. E. Kennelly and G. W. Pierce, Am. Acad. Proc. 48, 113 (1912). 
13 G. W. Pierce, Am. Acad. Proc. 60, 271 (1925). 
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urement and hence observed only a small.change, namely, 1/700 of 1 
percent. Larger shifts are obtained by proper choice of / and further 
work along this line is in progress. Hubbard in some of his determina- 
tions prefers to make use of reactance changes rather than resistance 
changes in determining velocity. 


To apply the preceding theory we make use of the experimentally 
established piezoelectric equations relating mechanical to electrical 
quantities. This reduces the problem from one involving both kinds of 
quantities to a purely electrical problem and leads to the result already 
pointed out by Hubbard that the resistance and reactance of the 
equivalent crystal circuit are thereby modified. As / is varied, there is 
introduced a change in equivalent series electrical resistance of the 
crystal which is directly proportional to the change in mechanical re- 
sistance and similarly, a change in equivalent series electrical react- 
ance proportional to the change in mechanical reactance, if we mean- 
while hold the frequency constant. All measurements here reported were 
taken for such values of / that X(l) =0, so for these path lengths the 
reaction of the fluid column on frequency is negligible. X(/) =0 twice 
during each cyclic change due to changes in /, once when R(/) reaches a 
minimum and once when R(/) reaches a maximum value. The change 
in equivalent series resistance of the interferometer is directly propor- 
tional to the radius vector of the impedance spiral. 

To obtain a measure of this change we shunt the crystal with a vari- 
able resistance which is given such a value for the path lengths of in- 
terest that E,, the e.m.f. across the crystal, is maintained constant 
irrespective of dissipation in the fluid column. Dissipation compensation 
is all that is needed since X(/) =0 whenever readings are taken thus 
eliminating a need for reactance compensation. An experimental basis 
for these conclusions is to be found in the curves published by Klein and 
Hershberger“ which show the measured series resistance and reactance 
of an interferometer with a liquid column. In these curves, (X — Xo) =0 
when / has such a value that (R—Ro) attains either its maximum or its 
minimum value and an experimental impedance spiral was obtained. 

The network consisting of shunt resistance and crystal is inserted in a 
conventional circuit, in which the tube now functions as a voltage in- 
dicating device as well as a radiofrequency oscillator with frequency 
determined by the crystal. 


4 E, Klein and W. D. Hershberger, Phys. Rev. 37, 760 (1931). 
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Let 
So = shunt resistance when J) = (m, + 3)A/2 
S= * . “ hk = m)\/2 
S.= ¢ . “ I, = 2md/2 = Ah 
Ss= * . “ Is = (2m, + 3)d/2. 


We are employing changes in a shunt resistance to compensate for 
changes in an equivalent series resistance. The purpose of the adjust- 
ment is to return the impedance of the network to a fixed value—both 
in magnitude and angle—irrespective to /. 

It may be shown that 


E,2/So — E,2/S, = Q/sinh 2al; (11) 


where Q is a proportionality factor involving both interferometer con- 
stants and the piezoelectric modulus of quartz. 
Similiarly 


E,?/Ss — E,2/S: = Q/sinh als. (12) 
Dividing (11) by (12) we obtain 
2 cosh 2al; = (Si — So)S2S3/(S2 — S3)SoS1 (13) 
and finally 
a = (1/21,) cosh (S; — So)S2S3/2(S2 — S3)So0Si. (14) 


In short, a is now expressed in terms of a known length and of measured 
resistances. It is of course unnecessary to take /, twice as large as |; to 


obtain useful results but employing this device simplifies the use of 
tables. 


APPARATUS AND MEASUREMENTS 


To check the preceding theory an interferometer described in an 
earlier paper" was employed as well as a new one constructed through- 
out of nichrome. A 2.500 cm spacer between the radiating face of the 
crystal and the reflector served to locate the crystal face on the scale 
of the micrometer, thus supplying the data for the determination of 
peak number and path length. An aluminum case of 3/32’’ stock 
housed the circuit. Electrical regeneration in the circuit was held to a 
fixed value which was as low as was consistent with stable operation. 
A heterodyne frequency meter employing “electron-coupling” was used 
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to monitor frequency. Relative humidity and temperature were deter- 
mined by the use of a standard Signal Corps wet and dry bulb thermom- 
eter. No experiments have been conducted with any gases excepting 
room air since the chief interest at present centers in the method itself. 
The aperture through which sound was radiated was 1.9 cm in diameter. 


TABLE I. 1404 ke. 


Rela- 
tive ¢c 
Thousands of Ohms r/2 
5 ee h WA o | ae. ror 
Ro} mid- ' cm CU ni eh CE Ee H=0 
PY S. | S| Se | Sa H=0 


SS Ss St 808080888 sss SS 


23.0 | 60 | 75 | 0.925 |0.01234 | 31.0 | 26.6 | 25.5 | 25.4 | 0.76 | 331.9 | 0.01182 
21.5 | 63 | 75 | 0.923 1230 | 31.0 | 26.57) 25.6 | 25.5 | 0.81 | 331.7 1181 
53 





17.5 75 | 0.915 1221 | 31.0 | 25.9 | 24.8 | 24.7 | 0.82 | 331.6 1180 
19.5 75 75 | 0.918 1224 | 31.0 | 26.7 | 25.6 | 25.4 | 0.78 | 331.0 1179 
TABLE II, 

Relative c r/2 
Frequency T Humid- l, /2 a dad? m/sec!, cm 
ke —— ity cm cm cm 4 T=0 T=0 
% H=0 | H=0 
899.0 20.0 69 0.863 | 0.01918 0.42 | 0.00115 | 331.9 | 0.01846 
1404 17.5 53 0.915 | 0.01221 0.82 0.00092 | 331.6 | 0.01180 
2514 20.5 65 0.615 | 0.006828 | 1.87 | 0.00065 | 331.15 | 0.006586 


The experimental results are given in Tables I and II. The greatest 
single source of error in the method arises from the fact that the shielded 
resistance box used possesses reactance which varies with setting. This 
difficulty is aggravated at the higher frequencies. The box of course 
was included in the circuit at all times but its setting in one set of ex- 
periments was varied from 31,000 ohms to 24,700 ohms as shown in 
Table I. An error whose upper limit is estimated to be 8 percent may 
arise from all sources. 

The fact that a is experimentally found to be independent of / shows 
that the area of the radiating face of a crystal is sufficiently large to in- 
sure that the assumptions made in the theory are justified in spite of 
the known patchiness in the sound field in the region of interest where 
readings must be taken. At the lowest frequency for which data are 
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presented the aperture through which sound is emitted is 50 wave- 
lengths in diameter and at the highest 140 wave-lengths. Thus these 
areas are more than sufficiently large enough for the purpose of the 
experiments even at the lowest frequency.’ Further, it is essential that 
the phase differences between the motions of various parts of a crystal 
face be small.'® The experimental evidence which shows that this condi- 
tion has been met is that a is found to be independent of /. No values 
of l, larger than the diameter of the disk itself were used in computing 
absorption coefficients. 

In Table I are given representative data collected over a period of 
time at a frequency of 1404 kc. Values of \/2 reduced to a temperature 
of 0°C and corrected for humidity by an empirical formula by Reid!’ 
are given in the last column. At present the accuracy of the method is 
not great enough to detect any change in absorption with humidity or 
temperature for the ranges of humidity and temperature noted. 

In Table II are given comparative data at three frequencies 899.0 kc 
1404 kc and 2514 kc. It will be observed that there is a systematic in- 
crease in the product 2a’ with decreasing frequency. The change in 
this quantity with frequency is several times as large as the experi- 
mental error. Also all values of 2a? here reported are several times as 
large as the theoretical value for dry air, namely, 0.00037. The effect of 
humidity on absorption at these frequencies remains unknown. At a 
frequency of 4096 cycles Knudsen" reports that sound absorption by 
air decreases with increasing moisture content up to 60 percent relative 
humidity and from 60 percent to 80 percent decreases more slowly, 
finally increasing for relative humidities in excess of 80 percent. On the 
other hand, the experiments of Rogers® with mixtures of air and carbon 
dioxide would show that at a frequency of 409.6 kc absorption increases 


15 Tt may be pointed out that the theoretical treatment of sound radiation from a circular 
disk (See Crandall, Theory of Vibrating Systems and Sound, Chapter IV, or Stewart and 
Lindsay, Acoustics, Chapter X) permits the calculation of amplitudes along the axis of the 
disk but does not supply information concerning amplitudes off its axis and at the same time as 
near to it as was the reflector in the present experiments. The optical formulas usually quoted 
for beam divergence also do not apply for the same reason, namely, that / is less than the 
diameter of the disk. 

16 Many quartz crystals are totally unsuited for absorption measurements. This is shown 
strikingly by the work of Wright and Steuart in Bur. Stand. Research Paper No. 356 (1931), 
as well as by the presence of multiple peaks in the plate current maxima for crystals having 
“parasitic” frequencies relatively close together. (See reference 11.) 

17 C, D. Reid, Phys. Rev. 35, 814 (1930). 

18 V, O. Knudsen, J. Acous. Soc. Am. 3, 126 (1931). 
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with increasing mosture content up to a relative humidity of 35 percent. 
The present change in absorption with frequency may well be due to 
molecular absorption similar to that observed for carbon dioxide. A 
further study is being given to the method to determine whether it is 
sufficiently sensitive to furnish reliable data on the effect of humidity 
and temperature on absorption. 








SOUND ABSORPTION IN NON-REACTIVE 
GAS MIXTURES 


By REED LAWLOR 


ABSTRACT 


Abello’s results for binary gas mixtures may be derived simply if it is assumed that 
the gases mixed are non-reactive. It is found that if any number of non-reactive gases 
are mixed, the attenuation constant of the mixture is a linear homogeneous function 
of the volume percentages of the components. Values of the absorption coefficients of 
CO2, N2O, He, He, A, and N2 at 612 ke are calculated. 


} Experiments by Abello! show that the attenuation constant for air 
mixed with any one of many pure gases is a linear function of the vol- 
ume percentage (x) of the gas added to air. This relation is expressed 
by the equation 


m= m+ kx. (1) 


Bourgin,” inquiring into the effects of intermolecular exchanges of en- 
ergy, concludes that Abello’s result can hold only if the two gases mixed 
have the same number of degrees of freedom and approximately the 
same molecular weights. As a matter of fact, these two conditions are 
not satisfied by the components of the mixtures used by Abello. 

The following discussion presents a simple theory that accounts for 
the linear relation found by Abello. The equations developed are used 
for finding the absorption coefficients of the various pure gases that 
Abello mixed with air. The theory finds a check in Pielemeier’s* values 
of the absorption coefficients of air and COz, no further experimental 
data being available. 

Consider portions of two gases, G, and Ge, at the same pressure and 
temperature, of the same cross section, and of lengths rid and red re- 
spectively. (See Fig. 1.) For a plane parallel wave travelling to the right 
the sound intensity at P; will be related to that at Py by the usual equa- 
tion 

I, = Ipe~™"4 


where J, is the intensity at Po. If reflection at P; is ignored the sound 
intensity at P, will be 


Ie = Tye7 2724 = Toe (mirrt mary) d 


1T. P. Abello, Phys. Rev. 31, 1083 (1928). 
2D. G. Bourgin, Phil. Mag. 7, 821 (1929). 
3 W. H. Pielemeier, Phys. Rev. 34, 1185 (1929). 
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Now if part of G, is transposed so that it lies.-between two portions of Gi, 
the sound intensity at P: will not be affected. If this process is con- 
tinued indefinitely, a thorough mixture of the two gases is obtained. 
But 


I, = Ioe-™4 
so that the attenuation constant for the gas mixture must be 
m = Mr; _ Mofo (2) 


provided that the components are mutually non-reactive. m, and mz are 


B PR 


Fic. 1. 


the attenuation constants of the two components, while 7; and 72 are 
their fractional volumes. Eq. (2) may be written in the form 


m = m, + (mz — m)r2 (3) 
which agrees with Abello’s equation if we put 
| k = (my — m:)/100. (4) 
Now the attenuation constant for a given gas may be written in the 
form 
m = n*pA/yp, 
A being the absorption coefficient. Substituting in (4) yields 
k = (n?/100p)(A2p2/7v2 — A1pi/71) - (5) 


p is the total pressure in the mixture and the p’s are the densities of the 
gases before mixing. Solving (5) for As, we get 


Ag = (y2/s)(100pk/n?p, + Ai/y1) (6) 


Abello’s values of & are given for mixtures with air at a frequency of 
612 kc and for air Pielemeier gives A =5.0 X 10-4 at 656 kc and 5.3 X10 
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at 389 kc. Then the absorption coefficient of a gas for a frequency of 612 
kc is from (6) 

A = (y/s)(2.25 X 108% + 3.62)10-4 (7) 


where y is the ratio of the specific heats of the gas, s is its specific 
gravity referred to air, and k is its Abello coefficient referred to air. The 
corresponding equation for the attenuation constant is 


m = 0.162 + 100k. (8) 


Calculations based on these equations and Abello’s work are given in 
Table I. The calculated value of A for CO, is identical with Pielemier’s 


TABLE I. Absorption characteristics of gases: n=602 kc; p=76 cm Hg; T=20°C. 

















Gas k (air) AX104 m 
CO2 0.029 59 a 
N20 0.034 69 3.6 
H, 0.014 1320 1.6 
He 0.0025 113 0.41 
A 0.0000 4.4 0.162 








results interplated. With this agreement between theory and both 
Abello’s and Pielemeier’s work, it seems justifiable to believe that the 
values of A and m calculated will be verified experimentally. Failure of 
experiment to yield these values may be taken as evidence of a reaction 
between the gas concerned and air. 

Inasmuch as the simple theory presented here accounts for the ob- 
served phenomena, it seems unlikely that studies of absorption of sound 
in these gas mixtures will yield any more information about the energy 
interchanges that occur in molecular collisions than the information 
obtainable from studies of the pure gases. Since Knudsen‘ has shown 
that humid air does not obey a linear relation, this may be interpreted 
as evidence of adsorption of air and water vapor or as evidence of the 
formation of several dissimilar molecular clusters in water vapor. It is 
apparent that this is not a typical case and that the linear relation which 
may be expected to hold generally, may hold also for mixtures of air and 
steam (above 100°C). 

This theory may be extended to mixtures of any number of com- 
ponents. Thus a general law is obtained which says that the attenuation 
constant of any non-reacting gas mixture is a linear homogeneous function 


4 Vern O. Knudsen, J. Acous. Soc. Am. 3, 126 (1931). 
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of the volume percentages of the components. Applying this law to air re- 
garded as a mixture, using Pielemeier’s values of A for COz and Oz, and 
regarding the effect of the rare gases as negligible, one finds that A for 
N:2 is 5.05 X10‘, or just one percent less than the corresponding value 
for air. 

This paper is an outgrowth of studies in supersonics carried on while 
the writer was an undergraduate at the University of California at Los 
Angeles. The writer wishes to express his thanks to Professor Vern. O. 
Knudsen, whose interest in and encouragement of the writer’s studies 
have been a genuine inspiration. 


March 21, 1933 
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ABSTRACT 


The minimum audible field (M.A.F.) has been determined from data taken on 14 
ears over the frequency range from 100 to 15,000 c.p.s. The observer is placed in a 
sound field which is substantially that of a plane progressive wave, facing the source 
and listening monaurally. The M.A.F. is expressed as the intensity of the free field, 
measured prior to the insertion of the observer. Similar data are presented for 
binaural hearing, over the range from 60 to 15,000 c.p.s., obtained with 13 observers. 
At 1000 c.p.s. the average M.A.F. observed is 1.9 10~ watts per cm?, corresponding 
to a pressure 71 db below 1 bar. Included are data showing how the M.A.F. varies with 
the observer’s azimuth relative to the wave front. Another type of threshold data re- 
fers to minimum audible pressures (M.A.P.) as measured at the observer’s ear drum. 
The differences obviously to be expected between M.A.F. and M.A.P. values are due 
to wave motion in the ear canal and to diffraction caused by the head. The M.A.F. 
data are discussed in relation to the M.A.P. determinations from several sources. 
Some possible causes of difference between the two, which are due to experimental 
procedure and may add to the causes already mentioned, are pointed out. 


THRESHOLD OF HEARING—GENERAL DISCUSSION 


Ideally, an absolute measurement of the least audible sound would 
state the stimulus in terms independent of the particular apparatus used 
to produce it. With this in view, most threshold determinations roughly 

* Presented before Acoustical Society of America, at Ann Arbor, Michigan, November 29, 
1932. 
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fall into two classes: the “minimum audible field” (M.A.F.) and the 
“minimum audible pressure” (M.A.P.). The former is in terms of the 
intensity of the sound field in which the observer’s head is placed; the 
latter, in terms of the pressure amplitude at the observer’s ear drum. 
This paper is concerned only with steady tones; i.e., with tones sus- 


188 tained over one second or longer. Even with this restriction, the genera- 
290 tion and measurement of the stimulus over the audio range of frequencies 
ae entail considerable difficulty. Because of the technique required, thresh- 
92 old measurements usually have been made by physicists. However, 
294 essentially this is an experiment in physiology and psychology, and the 
“ data are subject to a number of nonphysical influences. 

199 The M.A.F. values directly relate to the usual mode of hearing, i.e., 
304 with the unaided ear. They are the more applicable when extended to 
ren include the effects of binaural hearing and of the listener’s orientation 
307 with respect to the sound field. The M.A.P. data are of interest in the 
308 study of the ear mechanism. At sufficiently low frequencies they can 
311 be used in conjunction with drum impedance data, to throw some light 
311 on the least audible drum displacements. Given anatomically reason- 
312 able assumptions as to the low-frequency mechanism of the ear and the 


cochlea, the minimum audible forces exerted by the basilar membrane 
may be surmised. One of the requisites for any such deductions is that 
the frequency be sufficiently low so that the impedance, as measured 
looking into the ear drum, is predominantly a stiffness reactance. This 
probably means frequencies below 600 c.p.s. The M.A.P. becomes in- 
definite at frequencies so high that the pressure on the ear drum canno 
longer be assumed to be approximately uniform. There is no direct . 
evidence as to where this occurs. For air if a Circular cylinder of 1 cm 
diameter and having rigid walls, the gravest purely transverse mode of 
vibration corresponds to a frequency of 20,000 c.p.s. This is the case 
of one nodal diameter and no nodal circles. From this and from similar 
' indirect considerations, it is thought that up to 10,000 c.p.s. at any rate, 
the pressure is uniform over the area of the drum, well within the limits 
of threshold work accuracy. 
The methods used for threshold determinations, and more detailed 
definitions of the stimulus, are given in the following three sections. 


uld The threshold data discussed are those in which the stimulus either is a 
sed pure sinusoidal wave, or a very narrow frequency band within which the — 
hly ear sensitivity is substantially constant. The graphs representing the 
r 29, M.A.F. or M.A.P. stimulus as a function of frequency are briefly re- 


ferred to as M.A.F. or M.A.P. curves, respectively. The M.A.F. curves 
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are supplemented by some data showing the effect of the observer’s 
orientation with respect to the sound field, as given in “azimuth” 
curves. 


THE PRESENT MINIMUM AUDIBLE FIELD (M.A.F.) DETERMINATION 


The quantity measured 


This is the intensity of a progressive wave which produces a minimum 
audible field for anobserver placed in it. The intensity measured is that of 
the undistorted free field, prior to placing of the observer into it. Ideally, 
the field would be that of a progressive plane wave. In that case the 
pressure ~, which is the quantity best suited to direct measurement, 
and the intensity W are simply related: W = p?/pc, -- 7 -/W 
where pc=air density x sound velocity =41.2 C.G.S. units at 76 cm 

barometric pressure and 23°C 
p=r.m.s. pressure in bars 
W =intensity in ergs per second through 1 cm? of wave front. 


The same equation applies to a progressive spherical wave. It was im- 
practical accurately to realize either of these sound fields over the range 
of frequencies to be covered: f=60 cycles to f=15,000 cycles, corre- 
sponding to wave-lengths of \=574 cm and A\=2.3 cm, respectively. 
“Impractical” is used with reference to extensive threshold measure- 
ments in which it was desired to use a number of observers and to 
avoid the interruptions attendant upon work outdoors. 


The sound field 


Actually, the data were obtained in the field established at one meter 
in front of a loud speaking receiver’ in a highly absorbing acoustic 
structure (referred to later as the “sound stage”). This structure is of 
the type developed by Wente and Bedell.* It consists of 12 layers of 
flannel and muslin, separated by air layers, making a total thickness of 
12 inches. The receiver radiates from an area of 3.8 cm diameter, in the 
center of a cylindrical case 16 cm in diameter. The sound stage, the 
sound source and an observer are shown in Fig. 1. This arrangement 
establishes in a limited volume a field approximately like that of a 
progressive spherical wave. If this zone, especially its horizontal di- 
mensions at the level of the observer’s ears, is several times larger than 
the observer’s head, the effect on the latter will be nearly the same as 
that due to a progressive spherical wave. 


* U.S. Patent No. 1,907,712, E. H. Bedell. 
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The center of the observer’s ear-line (i.e., of a straight line about 
18 cm long joining the two ears), is at one meter from the source, on 
the receiver axis. The ear-line nowhere departs from a circular arc by 
more than 0.5 cm, which is small relative to all but the shortest wave- 
lengths used. The difference between the diffraction effects of a plane 





Fic. 1. The sound stage and sound source, with an observer in position. 


wave and of a spherical wave of one meter radius, is quite small for our 
purposes. This can further be inferred from the theory of diffraction at a 
rigid sphere,” caused by plane and spherical waves, respectively. Thus 
Fig. 2 shows the diffraction produced at a 20 cm diameter sphere by 
two 5500 cycle waves: one plane (RR = ©, k=27/h), the other spherical 
of 1 m radius (kR=100, k =27/X). The two are seen to be quite similar; 
the maximum difference of 2.5 db may in part be due to the limits of 


a 
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accuracy with which the zonal harmonics were evaluated. In what 
follows, no distinction will be made between a plane wave and a spheri- 
cal wave of 1 m radius, as far as threshold of hearing is concerned. 

The sound field was measured by means of a condenser transmitter, 
whose “field” calibration*® was obtained with a Rayleigh disk. The sound 
stage was placed in a corner of a large, carefully sound-proofed room. 
At no time during the threshold measurements, was either the observer 
or the operator conscious of sufficient noise to affect the threshold. 


—" a 
-90° -60° -30° ail 90° 


AEE AE A i 
1 | x PLANE PRIMARY WAVE (KR=00) 


O DB=1.957xPRIMARY PRESSURE FOR KR=co 
0 DB=1954xPRIMARY PRESSURE FOR KR=100 























Fic. 2. Diffraction at a rigid sphere. 


The threshold measurement procedure 


The observer was provided with a push button which lighted a small 
lamp before the operater and which was held down whenever and as 
long as the tone was audible. The operator allowed the observer to 
listen to the tone at a level well above threshold, say 30 or 40 db, for a 
few seconds, and then gradually reduced the intensity by turning up 
the receiver current attenuator until the observer signalled that he 
could no longer hear the tone. This level served as a convenient one at 
which to start interrupting the tone as usually the observer could hear 
an intermittent tone 10 to 20 db lower. 

From this level on down, the operator reduced the sound in steps 
until threshold was determined, interrupting the tone several times at 
each attenuator setting. The tone was left on for approximately two 
seconds, then cut off for about the same length of time, then the tone 


vril, 


hat 
eri- 


ter, 
ind 


ver 


90° 


all 
as 

to 
ra 


he 
- at 
ear 


eps 
at 
‘wo 
one 


1933] L. J. StvIAN AND S. D. WHITE 293 


again, etc. The transition from tone to silence and vice versa was made 
with no audible clicks whatever, by a gradual change in the amplifier 
filament current. The operator judged from the ability of the observer 
to follow the interruptions with his key whether or not he heard the 
tone at each intensity. The sizes of the steps were determined by the 
operator to give most rapidly an accurate figure for the threshold level 
and were usually about 5 db at first, becoming smaller down to the 1 db 
steps of the attenuator as threshold was approached. 

The element of fatigue was carefully guarded against. As soon as an 
observer become conscious of any appreciable fatigue, or if the operator 
suspected it, that observer was relieved for a while and another ob- 
server used. 

In measuring monaural threshold, it is essential to have the other 
ear sealed off. The seal should be definitely better than the difference 
between the acuities of the two ears. This was effected by inserting 
absorbent cotton into the ear canal; the first layer plain, the second 
impregnated with petrolatum which completely sealed the entrance to 
the ear canal. The usual attenuation obtained in this way was 30 to 34 
db, and at no frequency in our range was it less than 20 db. The ade- 
quacy of the seal was proved by making threshold settings with and 
without the seal, and comparing the difference with the acuity differ- 
ence as measured on an audiometer. 

The tones used were 100, 200, 300, 400, 560, 800, 1100, 1600, 2240, 
2700, 3200, 3700, 4200, 5000, 6400, 7600, 9000, 10,000, 12,000, 12,800 
and 15,000 c.p.s. The electrical circuit and the sound source were so 
designed and operated that the tone reaching the observer’s ear at 
levels near threshold was completely free from extraneous frequencies. 
The first six tones were pure sinusoidal waves. The others were “warble” 
tones centering about the nominal frequencies given. The “warble” 
range progressively increased from +50 cycles at 1100 c.p.s. to +146 
cycles at 15,000 c.p.s. For all frequencies the warble was at the rate of 
10 times per second. The advantage of using the warble is psychological, 
in that it reduces fatigue and uncertainty on the part of the observer; 
and physical, because of smoothing out of the residual standing wave 
patterns produced by reflections. A few check measurements made by 
the same individual with and without the warble indicated no other 
systematic differences between the threshold values in the two cases. 

Data were obtained on 14 ears: 10 men’s, left and right of 5 observers; 
4 women’s, right of 4 observers. The men’s ages ranged from 18 to 26, 
except one of 40; the women’s, from 20 to 23; the average age, about 23. 
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All observers had good hearing: “normal” or above normal, throughout 
the greater part of the frequency range,* as judged by their audiometer 
audiograms. This group will hereafter be referred to as group A. 


The observed M.A.F. values 


Fig. 3 gives the M.A.F. values found, logarithmically averaged for 
the 14 ears in group A. At each frequency the mean deviation from the 
average is indicated in the figure. The corresponding standard devia- 
tions are given together with those for binaural thresholds in Table I. 
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Fic. 3. Monaural M.A.F., group A. 


It should be borne in mind that this M.A.F. curve is for a group of 
young people with generally excellent hearing, favored by freedom from 
fatigue and noise and by the contrast of the intermittent test tone. 


Binaural M.A.F. 


The binaural M.A.F. data are based on two groups of observers. 
Group B consisted of the 5 men included in the above group A. Group C 
consisted of 8 men and 2 women, average age about 24. The two women 
and three of the men were included in group A above. 

The threshold measurements for group C were made under the direc- 
tion of Mr. W. A. Munson, to whom we gratefully acknowledge our in- 
debtedness for the data. 

For group B all measurement conditions were identical with those 
described in the section on threshold measurement procedure. For two 


* The one exception is at 15,000 c.p.s. where one observer’s left ear showed abnormally low 
acuity; at all other frequencies that ear was easily as good as the average of the group. 
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members of the group data were available binaurally, as well as on each 
ear separately. These data showed no significant difference between the 
binaural M.A.F. and the best ear M.A.F. Accordingly for the three 
others in the group, the best ear M.A.F. was taken to be the binaural 
M.A.F. 


TABLE I. Standard deviations from average M.A.F.’s. 











Frequency Group A Group B Group C 
(db) (db) (db) 
60 2.5 
100 5.1 5.26 
120 3.55 
200 6.65 7.8 
240 4.3 
300 6.76 
400 9.83 11.72 
480 4.2 
560 7.94 8.2 
800 9.08 9.11 
960 3.35 
1100 8.28 8.69 
1600 9.31 10.28 
1920 2.4 
2240 ¢.20 6.74 
2700 6.55 7.85 
3200 6.11 7.05 
3700 5.87 5.85 
3850 $3 
4200 7.62 tae 
5000 6.34 6.5 
5400 5.8 
6400 7.06 6.61 
7600 7.44 6.76 
7800 5.1 
9000 5.45 6.76 
10000 $5.52 8.97 
10500 5.9 
12000 6.49 6.75 
12800 9.31 8.77 
15000 18.2 10.32 12.85 


For group C at all frequencies above 240 c.p.s. the measurement con- 
ditions were the same as in the section on threshold measurement pro- 
cedure, except that single frequency tones rather than “warble” tones 
were employed throughout. At 60, 120 and 240 c.p.s. the sound source 
arrangement was somewhat different. The source was a moving coil loud 
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speaker, radiating from an 18 inch diaphragm. At these low frequencies 
the angle of incidence of the sound wave is unimportant, and it was only 
necessary to insure by direct measurement that the observer’s head was 
placed in a region of substantially uniform pressure. 

The results are shown in Fig. 4, for the two groups separately. The 
mean deviations from the average M.A.F. at each frequency are also 
shown in this figure, while the standard deviations are given in Table I. 

The remark at the end of the section on the observed M.A.F. values, 
concerning the observers and the test conditions applies to groups B 


and C as well. 
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Fic. 4. Binaural M.A.F., groups B and C. 


M.A.F. vs. azimuth 


So far we have been concerned with the M.A.F. values for a progres- 
sive wave whose vertical wave front is parallel to the listener’s ear-line 
(0° incidence). They will be different for other angles of incidence; the 
more so, in general, the higher the frequency. The M.A.F. values for 
any angle of incidence other than those corresponding to vertical wave 
fronts, are experimentally difficult to obtain. The variation of the 
monaural M.A.F. with the azimuth of a vertical wave are the M.A.F.— 
azimuth curves given in Fig. 5. The notation used, is: O0°observer facing 
sound source; +90°—open ear toward source. The ordinate Fy at any 
angle 0, gives the ratio (in db) of the M.A.F. for 0° incidence to that 
for 6°. 

The data were obtained in the sound field described on page 400, 
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with the exception of the 300 c.p.s. and 500 c.p.s. values which had 
been obtained earlier in another connection. At the other frequencies 
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Fic. 5. Directivity of monaural hearing. 0°—observer facing source; 
+90°—o pen ear toward source. 


shown, three observers were employed, two men and one woman. 
Readings were taken every thirty degrees, as well as at the positions 
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of maxima and minima located by each observer in a preliminary ex- 
ploration of the field. The curves shown were obtained not by averaging 
the three individuals’ values for each angle, but by estimating a single 
curve to present the characteristic features of the individual curves. 
The azimuth data, particularly those at high frequencies, indicate 
shadows so deep that one cannot be certain of their accuracy because 
of residual reflections modifying the sound field used. However, at a 
few frequencies similar data were available, which had been obtained 


LATITUDE-98 
-90° -60° -30° °° 60° 90° 


CHEE aie ccoasiai 


PRIMARY 
> 




















PRESSURE=Pp 
Fe asete inl 








0 DB=1.957 Pp FOR KC=I0 
0 DB=1.987 Pp FOR KC=20 





Tw 

Wear er 
Hata 
| aU Se eS SSEEEE 
» SESE SRESTPECRREES A 


Fic. 6. Pressures produced on the surface of a rigid sphere, by an incident 
plane wave, as a function of the latitude. 
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outdoors in the field of a nearly perfectly progressive wave. hey are so 
similar to the indoor data that the latter are inferred to present a fairly 
correct picture. 

It may be of interest to compare these M.A.F.-azimuth curves with 
some of the pressure-azimuth curves which have been computed for a 
plane wave incident upon a rigid sphere. Two such curves are given in 
Fig. 6.2 The notation used is: c = radius of the sphere; k = 27/A; \ =sound 
wave-length. The curves are for kc=10 and kc=20, respectively.* 


* Detailed variation shown only for: @>150° (kc=10) and @>140° (kc=20). The deepest 
shadow (M) for kc=10 is based on Rayleigh’s data. 
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Taking c=9 cm (roughly the size of the human head), the curves will 
represent 6000 and 12,000 c.p.s., respectively. Of course, the head is 
not a rigid sphere and at high frequencies the contour of the external 
ear may be important. No quantitative agreement between the ob- 
served and computed curves need be expected. 

From the monaural M.A.F.-azimuth curves of Fig. 5, binaural 
azimuth curves can be derived provided the monaural M.A.F. curves 
are given for each ear; also, it is assumed that at each angle the binaural 
M.A.F. is equal to the smaller of the M.A.F.’s for each ear alone at 
their respective azimuths. We shall consider the simplest case: the two 
ears taken equal. If we now assign to each angle @ an ordinate F equal 
to the larger of the two ordinates Fy and F_, of the monaural azimuth 
curve, the binaural azimuth is obtained. As an illustration the binaural 
curve for 4200 c.p.s. is shown in Fig. 5, its right half coinciding with the 
monaural curve. 

Suppose now that the observer is exposed to random horizontal in- 
cidence; i.e., to a diffuse sound field in which all wave fronts are vertical, 
all azimuths equally probable, all amplitudes equal, and all time-phase 
angles distributed at random. For such a field the resultant binaural 
M.A.F. is equal to the binaural M.A.F. observed for @=0° multiplied by 


the factor 
2x 1/2 
R= I(f Fd) | /2xF ,?. 
0 


Purely geometric randomness is assumed, ignoring the more complex 
question of ear response vs. stimulus wave form. 


OTHER DATA SIMILAR TO THE M.A.F. TYPE 


Some threshold determinations have been made elsewhere, which re- 
semble our M.A.F. work in that the listening ear is exposed to the open 
sound field, rather than to a source fitted on or in the ear. Otherwise 
most of them differ from the M.A.F. procedure in that the field is not 
that of a nearly progressive spherical wave; the normal diffraction by 
the head and outer ear is altered; the observer does not face the source, 
etc. Unless otherwise stated, the data reviewed all are for monaural 
hearing. The list given does not pretend to be complete. 

Two chronologically arranged lists of references to threshold deter- 
minations are given by H. Fletcher in Speech and Hearing (1929, D. 
Van Nostrand Co., New York), and by H. C. Huizing (Diss. Univ. 
Groningen, 1932). They include both M.A.F. and M.A.P. types, and 
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to a large extent overlap with the references discussed in this section and 
in the section on minimum audible pressures beginning on page 307. 

In 1870 Toepler and Boltzmann‘ measured the sound output of an 
organ pipe by a light interference method. From this and from the dis- 
tance between the observer and the source, the M.A.F. was obtained. 
At 181 c.p.s., threshold was found at —57 db (relative to 1 bar). 

Rayleigh’ in 1877 and 1894 reported threshold data obtained with an 
organ pipe and with tuning forks, respectively. In the former the sound 
output is computed on the basis that the work used up in pumping air 
through the pipe, is all converted into sound. This at 2730 c.p.s., gave 
a threshold field of approximately —28 db. The later work employed 
tuning forks whose initial amplitudes of vibration and rates of decay 
were known. The thresholds found were: 


Freq.: 256 384 512 
Press. (db): —44 —47 —47 


Wead,® in 1883, using a method much like Rayleigh’s 1894 work, 
obtained: 


Freq.: 128 256 384 512 786 1024 
Press. (db): —25 — 38 — 39 —44 — 33 — 36 


Webster’ in 1904, used an electrically driven diaphragm whose sound 
output could be computed. At 256 c.p.s., he gives a threshold at 
—42 db. 

In all the foregoing it is difficult to obtain an accurate picture of the 
acoustic conditions, particularly as to possible disturbances caused by 
reflections; also the numbers of ears tested and frequencies used, were 
rather small. 

Of the earlier work, that of M. Wien® is best known, and still fre- 
quently cited. Usually it is pointed out that his results give thresholds 
much lower, and hence ear sensitivities much higher, than those found 
by later workers. A recent paper by Langenbeck® is devoted to a de- 
tailed discussion of various reasons that might account for the dis- 
crepancy. It concludes with the remark, “It follows that upon making 
allowances for the room acoustics and sound field distortion, a large 
part of the observed discrepancy still must be assigned to an unknown 
effect.” 

Wien’s final data cover the range from 200 to 12,800 c.p.s., insofar as 
obtained with the open ear; his values below 200 c.p.s. were obtained 
with a receiver on the ear. The open ear values are shown in Fig. 7. 
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They were obtained mostly on Wien’s own ear; some are based on two 
ears and a few, on three. The observer’s head is situated behind a sheet 
iron screen, his ear protruding through a hole in the screen. The sound 
source, a telephone receiver, is 30 cm distant from the screen opening. 
The pressure values used are those which would obtain at 30 cm from 
the receiver when situated in an infinite baffle and radiating into free 
space on one side of the baffle. On these assumptions the pressure is 
computed from the optically measured diaphragm displacements, by 
means of Rayleigh’s formula. The effect of the head as a whole is 
eliminated; to a considerable extent the effect of the pinna probably is 
also different from that in our M.A.F. determination. If now—while 
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bearing in mind the important differences between the two procedures 
in point of acoustic conditions, number of observers and number of fre- 
quencies—Wien’s data be compared with those here reported, the 
difference is not nearly so startling as that obtained by comparing them 
with the average of a large number of other determinations obtained 
mostly with sound sources tightly fitting on the ear (substantially 
M.A.P. data). In fact, if we select M.A.F. values for one of our ob- 
servers (R.L.V.) at those frequencies which lie closest to Wien’s par- 
ticular frequencies, and select the +90° azimuth as being most nearly 
comparable with Wien’s situation, we obtain Table II. 

The two sets agree quite well, considering the inherently large varia- 
tions met with in any threshold work. It is perhaps unnecessary to 
consider Wien’s sensitivities as anything more than might be obtained 
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for a young individual with exceptionally good hearing, listening with 
an open ear under most favorable azimuth conditions. 

















TABLE IT. 
Wien R.L.V. 
Freq. (db) (db) 
200 —60 —68.5 
400 —78 —82 
800 —93 —89 
1600 —97 —95 
3200 —97 —98 
6400 —93 —90.5 
12800 —82.5 —79.5 





Guernsey’s'® work was done at much later date, in a psychological 
laboratory. The procedure employed was very similar to Wien’s. The 
frequency range is from 120 to 13,650 c.p.s. At most of the frequencies, 
three observers were used. The data plotted in Fig. 7 represent loga- 
rithmic averages of the values given for individual observers. 

Lane’s" observations cover the high-frequency range, from 2000 to 
18,500 c.p.s. They were obtained outdoors with the source and ob- 
servers 5 meters above the ground, separated by 1.5 meters. The ob- 
server’s ear was turned toward the source, which is +90° azimuth. The 
source was an eddy-current loud speaker of the Hewlett type, with a 
diaphragm 10 cm in diameter. The total sound output was computed 
using Hewlett’s theory. It was assumed that: (1) the diaphragm moves 
as a rigid piston; (2) it has a radiation resistance of pc(=41.5 c.g.s.) 
per cm”. In addition, an empirical correction was necessary to allow 
for the spatial distribution of the total sound power. The results, re- 
duced to our db pressure scale, are shown in Fig. 7. They are averages 
for 8 ears of 7 individuals from 19 to 35 years of age. Lane’s work and 
the present M.A.F. work are quite similar as to acoustic conditions, 
excepting the 90° azimuth displacement. The large difference between 
the results in the direction of larger M.A.F.’s for Lane’s observers, may 
be due to: (1) differences in the observer’s acuities; (2) possible dis- 
crepancies between the actual field intensity and that computed as 
above; (3) possible increase in M.A.F. caused by insect noise, outdoors 
at night. 

Swan,” in 1923, reports observations made by two observers at 121, 
246, 493 and 1021 c.p.s. The total power emission of the sound source 
was computed, by Rayleigh’s formula, from its piston dimensions, and 
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from the amplitude measured microscopically. The time of decay in the 
room was determined by measuring the times required for the sound to 
drop to threshold from two initial levels differing by a known amount. 
Then by Sabine’s formula, the mean energy density in the room was 
computed, and its value at threshold could be deduced. The incidence 
is largely random, and the hearing presumably is binaural. The results, 
reduced to our pressure scale, are: 


Freq.: 121 246 493 1021 
Press. (db): —27 — 60 —68 —74 


Only the observer’s head was exposed to the sound, his body being en- 
closed in a box. 

E. Meyer’s paper” gives a single curve obtained by averaging thresh- 
olds for hearing in an open sound field and with a telephone receiver, 
respectively. At each frequency, over the range from 100 to 12,800 
c.p.s., six observers were used. It is stated that the open field and the 
telephone receiver results showed no important systematic differences. 
For that reason they are quoted both here, and in the section on mini- 
mum audible pressures. The open field data were taken in a large, well 
damped room, with an electrodynamic loud speaker mounted in a rigid 
baffle, one meter square. The field intensity was measured with a con- 
denser transmitter whose “field” calibration was known. The observer’s 
head was at 50 cm from the center of the baffle, the ear under test 
presumably turned toward the source. 

A. Biihl" gives a “normal threshold” curve, shown in Fig. 7. The 
open sound field was measured with a Rayleigh disk, at 10 cm in front 
of the loud speaker. Presumably, though this is not stated in the paper, 
the observer’s ear is placed at that point, turned toward the source. 

A recent M.A.F. determination is reported by H. C. Huizing.” A 
telephone receiver is used as a loud speaker. Its sound output is com- 
puted from the central diaphragm amplitude, which is measured op- 
tically. One observer 20 years old, was employed. His ear was 20 cm 
from the source. At that distance the field was found to be nearly that 
of a progressive spherical wave. The azimuth, though not stated, pre- 
sumably was +90°. The M.A.F.’s observed, are shown in Fig. 7. 

Some measurements made with the ear exposed to the sound field 
through a coupling tube, rather than directly, are described by Waetz- 
mann and Heisig.'® The scheme is shown in Fig. 8. From the motional 
impedance (electrically determined) of the receiver R, the total sound 
energy which it radiates, is computed. The hemispherical surface F is 








304 JOURNAL OF THE ACOUSTICAL SOCIETY [April, 


assumed to be perfectly absorbing, the circular surface B, perfectly 
rigid. On this basis, the field intensity U at the entrance to the coupling 
tube 7, is computed. Threshold values, obtained for one ear at three 
frequencies, are expressed in a form equivalent to: E=}3/S-1/U where 
S=cross-sectional area of T (not stated numerically); } cm?=area 


assumed for ear drum. The results given are: 


Freq. 890 2160 3020 
E 4.5108 7.1108 3.2108 


Thus U stands for the threshold intensity of a sound field coupled to the 
ear through a tube of a certain length and cross section, rather than 
directly incident upon it. 





Fic. 8. 


General comments on M.A.F. data 


This list of threshold determinations is not complete. Yet it suffices 
to provide an enormous range of values, the spread increasing with the 
frequency, as shown in Fig. 7. All these M.A.F. values have the point 
in common that the ear is exposed to the open sound field. In general 
they do not conform to the specific M.A.F. definition used in the section 
on the present M.A.F. work. Some of the important differences between 
the various sets of data are: (1) differences between individuals; (2) 
ages of observers; (3) number of ears tested; (4) the sound field; (5) the 
observer’s orientation with respect to the field; (6) the number of test 
frequencies. 
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Bearing in mind the potential variations which reside in any one of 
these factors, the total spread shown is not quite so impressive as it at 
first appears. But it must be emphasized that the curves in Figs. 3 and 4 
represent a group of young people with generally excellent hearing. In 
connection with the subsequent use made of these curves, it will be well 
to consider some data which show how the acuity of hearing varies with 
the observer’s age. C. C. Bunch" has examined the hearing of several 
hundred hospital patients, 353 in the first and 468 in the second group. 
The tests were made with a Western Electric No. 1-A Audiometer, the 
sound source being a telephone receiver held on the ear. The test fre- 
quencies ranged from 32 to 16,384 c.p.s., and the results are classified 
for the age decades 20-29, 30-39, 40-49, 50-59 and the “over 60” group. 
The outstanding result is the marked falling off in acuity with increasing 
age, particularly for frequencies above say 1000 c.p.s. Thus at 8192 
c.p.s. the 50-59 group averages 26 db lower than the 20-29 group, and 
at 2048 c.p.s., 12.5 db. 

Tests on 200 people, ranging in age from 20 to 60 years, “selected in 
such a way that the proportion having defective hearing is about what 
might be found in any normal group of people” are reported by H. C. 
Montgomery.'® These too indicate a decreasing acuity with rising age, 
though not so markedly as in Bunch’s work. Thus at 2048 c.p.s. the 
difference between the 20-29 and 50-59 groups is about 7 db at 2048 
c.p.s. and at 8192 c.p.s. about 23 db. It is possible that the hospital 
groups include a larger percentage of people whose ailments accentuate 
the normal effects of advancing age. 


The theoretical limit of aural acuity 


Returning now to the data of Figs. 3 and 4, it may be inquired 
whether the ear sensitivity is limited by its physiological construction, 
or whether the limit is imposed by the air as a transmitting medium. 
Superposed on the average atmospheric pressure there are fluctuations 
caused by the distribution of thermal velocities of air molecules. What 
is the spectrum of the resultant thermal-acoustic noise? Is its magnitude 
compatible with the observed M.A.F.s? 

It is interesting to note that in a recent paper by Barnes and Czerny,* 
a somewhat similar question is raised in regard to differential visual 
acuity. They conclude that there is some experimental evidence to 
support the view that the human eye, in that region of the visible 
spectrum to which it is most sensitive, has a differential sensitivity of 


* R. Bowling Barnes and M. Czerny, Zeits. f. Physik 79, 436-449 (1932). 
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the same order of magnitude as the fluctuations inherent in a “steady” 
light due to the shot effect in photon emission. 

For purposes of calculation, let us replace the ear with a rigid mass- 
less piston, of area S, free to vibrate in an infinite rigid wall and ex- 
posed to the atmosphere on one side. Let Ry; be its acoustic radiation 
resistance at the frequency f. Let P;?-df be the square of the thermal- 
acoustic pressure in the interval df, averaged over S. Then by analogy 
with the theory* of the J. B. Johnson effect 


[(S-P,)?-df/R,] = 4«T-df (1) 
where x=Boltzmann’s constant, T=absolute temperature, «7 =4 


x 10-" ergs/sec. at T =300°. 


Suppose now that S is a circle: S=7za®. Then (Rayleigh, Sound, Vol. 
IT, $302) 


J \(4rfa/c) | 
2rfa/c 
where pc =air density x sound velocity, and J; is the first order Bessel 

function. 

On substituting from (2) into (1) we find that in general P; depends 
on the value of a, the radius of the circle chosen. In the limit, for 
a>>d(A =sound wave-length), R;=pc-ra? and P;=(4«T - pc/1a?)'!?. The 
case of the ear drum, however, corresponds more nearly toa), up to 
say 6000 c.p.s. In that case 


, Ji(4rfa)/c | 2° fa? 
Infale 


R; = ra-pc-|1 — (2) 








whence 
P,?-df = (8rpxT/c)-f?-df. (3) 


The r.m.s. pressure P in the interval between f; and fs, is 


it fs * sail SarpxT _—-* 1/2 
P=| P; is] -| s (fs f)| . 


For example, if f:=1000 and f.=6000 c.p.s.. P=5X10- bars, or 
86 db below 1 bar. In that frequency range, our M.A.F. curve averages 
about 76 db. In individual cases of particularly excellent hearing, it 
may average about 85 db. But even then, the above P is not likely to be 





*H. Nyquist, Thermal Agitation of Electric Charge in Conductors, Phys. Rev. 42, 110 
(1928). 
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audible, if one be permitted to apply the Fletcher-Munson tables* for 
the loudness of a complex spectrum to levels so near threshold, or even 
below it. Of course, our computation at best is but a crude approxima- 
tion. It appears that in the region of maximum ear sensitivity, i.e., 1000 
to 6000 c.p.s., the M.A.F. pressures for the average good ear are of the 
same order, perhaps about three times larger than the r.m.s. thermal- 
acoustic pressure. For exceptionally good ears, a further increase in 
physiological sensitivity would be useless in the presence of thermal 
noise. From this point of view, it is not unlikely that the aural acuity 
of animals whose outer ear dimensions (drum included) are comparable 
with those of the human ear, is comparable with human acuity, say in 
the 1000 to 6000 c.p.s. range. 


Minimum AUDIBLE PREssuRES (M.A.P.) 
Data of the M.A.P. type 


The purpose of an M.A.P. determination is to give that pressure af 
the drum which is minimum audible pressure. Several methods have 
been used, all based on the idea of establishing a known pressure at 
some measurable level (necessarily, well above threshold). The sound is 
reduced to threshold by reducing the sound source output by a known 
amount, usually determined from the required reduction of the elec- 
trical input feeding the source. No method has been devised, sufficiently 
sensitive to admit of direct measurement of the pressure on the ear 
drum at threshold. In principle, the M.A.P. determination assumes that 
the pressure is uniform over the area of the drum. This point was 
touched upon in the first section. 

The first step is to produce a known pressure at the drum, which can 
later be attenuated by measurable amount down to the observer’s 
threshold. Three procedures have been used. 

(a) The sound source is held as nearly sound-tightly as possible on 
the ear, to form an enclosure of known volume. The source—a thermo- 
phone or a telephone receiver or an electrodynamically driven piston— 
produces a known volume velocity. That velocity is either directly 
measured optically or electrically or computed from the output of a 
calibrated microphone actuated by the source in a suitable calibrating 
chamber. The pressure on the drum is computed from this volume 
velocity and the known volume enclosed between the sound source and 
the drum when measuring threshold. It is assumed that the pressure 


* To be published in J. Acous. Soc. Am. 
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throughout the ear enclosure is uniform. Further, most workers have 
assumed that the pressure is that which would be produced in an equal 
volume with rigid enclosing walls. In one instance—that of Bekesy’s 
work—allowance was made for the yielding of the drum. 

(b) The pressure is measured by means of a calibrated search trans- 
mitter whose search tube is small enough to be inserted fairly near to 
the ear drum. By “near” is meant an acoustically near point, at which 
the pressure roughly may be assumed to be the same as at the drum. 

In one procedure, a telephone receiver held on the ear, is the source. 
The opening of the search tube is just under the receiver cap, probably 
between 4 and 5 cm from the drum. Experimenters using this method 
regard the pressures measured as representative of the drum pressures 
up to about 2500 c.p.s. 

A second procedure is to insert a small search tube into the canal, 
within about 1-1.5 cm of the drum. This probably gives significant 
pressure measurements up to about 4000-4500 c.p.s. 

(c) This method really measures energy delivered by the sou 
rather than pressure on the drum. It is based on computing the acoustic 
load which the ear imposes on a telephone receiver as determined from 
its electrical impedance at resonance. The energy so measured repre- 
sents the total delivered to drum, ear canal and pinna. No separation 
of the three energy sinks is made. No drum pressure computation is 
possible, without the addition of other measurements. Even if all the 
energy, as determined from receiver motional impedance, were as- 
sumed to be absorbed by the drum, a knowledge of the drum im- 
pedance would be required to evaluate the drum pressure. 


M.A.P. data obtained by method (a) 


Of the early investigations, those of Wien and H. Abraham will be 
mentioned. 

Wien® in the paper already referred to, gives a series of “telephone 
sensitivity” measurements over the range from 50 to 8000 c.p.s. Four 
different receivers having progressively higher natural frequencies, 
were used to make sure that the diaphragm displacement-receiver cur- 
rent ratio was independent of frequency; each receiver being used 
well below the first natural frequency of its diaphragm. The four re- 
ceivers had radically different dimensions and enclosed different ear 
volumes (the values of the latter are not stated). The data obtained 
with them were brought together into a single curve by making over- 
lapping threshold observations at certain frequencies. Thus the shape 
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of the M.A.P.-frequency curve is determined, if it be further assumed 
that the ratio of the M.A.P. to the corresponding diaphragm displace- 
ment, was constant with frequency. This presupposes that sound leak- 
age between the receiver cap and the ear, and audiofrequency yielding 
of the ear drum may be neglected. Wien recognized the importance of 
sound-tightness and used special earpieces to reduce leakage, a trouble- 
some factor at low frequencies. From the similarity of the shapes of the 
M.A.P. curve and of his M.A.F. determination (see section on “Other 
data similar to the M.A.F. type”), Wien concluded that their absolute 
positions must coincide in their common frequency region, i.e., 200 to 
8000 c.p.s. Wien’s M.A.F. curve shown in Fig. 7 may therefore be taken 
as his M.A.P. curve as well, though the latter in itself was not an 
absolute determination. 

H. Abranam’”® also applied the principle of using a telephone receiver 
well below its first natural frequency. An absolute calibration was ob- 
tair2>d by means of a sensitive manometer for known direct currents 
. ough the receiver. Ear sensitivities are given for 250 and 500 c.p.s., 
both having nearly the same value: 6.4 10~ bars or —64 db. 

The more recent studies are based on methods for production and 
measurement of sound throughout the audio range which were made 
possible largely through the use of vacuum tubes. Kranz”® gives several 
series of measurements, in which the sound sources were both a thermo- 
phone* and a telephone receiver, working into known ear volumes. The 
diaphragm displacements of the receiver were measured optically. His 
final data, based chiefly on four ears of two individuals, are shown in 
Fig. 9. 

An extensive study is reported by Fletcher and Wegel.” Their pri- 
mary sound source was a thermophone whose pressure output was 
measured in a 1 cm® volume closed by a condenser transmitter. A 
similar air volume was enclosed by the thermophone on the ear, and the 
pressure was taken to be the same as on the condenser transmitter. 
Simultaneous threshold measurements were made with five ears, by 
using first a telephone receiver and then the thermophone. From a com- 
parison of the results, the telephone receiver was calibrated and this 
calibration was assumed to hold in obtaining thresholds for 41 people 
(82 ears) with the receiver. The data are shown in Fig. 9. 

Minton and Wilson” report a series of M.A.P. determinations, made 
with a telephone receiver calibrated on a microphone with a relatively 


* In this reference and in the following the absolute pressures produced by the thermo- 
phone were computed from the theory given by E. C. Wente, Phys. Rev. 19, 498 (1922). 
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unyielding diaphragm. The total number of ears tested was 54, over the 
range from 100 to 5000 c.p.s. One of the average curves given in the 
paper for a group of observers, is reproduced in Fig. 9, converted to our 
pressure scale. The authors consider their data above 2000 c.p.s. as less 
reliable than the lower frequency values. — 

Recently data obtained by using a small electromagnetic receiver in- 
serted into the ear, were reported by Wegel, Riesz and Blackman.” 
Here again the receiver was calibrated on a condenser transmitter, en- 
closing the same volume as in the ear. The results are shown in Fig. 9. 
Tests were made on 10 ears, over the range from 35 to 1000 c.p.s. 


MINTON AND WILSON 
—_——, pve RIESZ,AND BLACKMAN 
o——* BEKES 
— =SkRANZ 
oa —eSiV 
----4 FLETCHER AND WEGEL 
~ NSON 





xf CHIE rTP 
Fic. 9. M.A.P. Note: While the ordinate scale is labelled “db” for convenience, it represents merely 


20 logio P/ Po, where P =the threshold pressure in bars and Py=one bar; because the impedance 
of the ear drum varies with frequency, the above curves do not show the relative power levels. 


The work of E. Meyer" has been mentioned in the section on “Other 
data similar to the M.A.F. type.” The threshold curve is given as the 
average of data obtained both with a telephone receiver and with the 
ear in an open sound field. Since Meyer finds no major systematic 
differences between the two, the curve is reproduced here in Fig. 9, 
along with other M.A.P. measurements. The telephone receiver was 
calibrated on a “rigid artificial ear” (not further described), and the 
calibration taken to apply to the human ear. 

An interesting, though limited, set of data is given by Bekesy™ taken 
on his own ear at 4 frequencies. They are shown in Fig. 9. The sound 
source is a vibrating piston inserted into the ear canal, whose amplitude 
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is electrodynamically measured. This is the only investigation of which 
we have knowledge, which takes into account the yielding of the ear 
drum, as computed from Troger’s® drum impedance data. 


M.A.P. data by method (b) 


Two unpublished series of measurements are available. The earlier, 
using the second method under (b) was made by Sivian” for 8 ears over 
the range from 500 to 15,000 c.p.s. The results given in Fig. 9 repre- 
sent the average of two determinations. In both, the ear is exposed to a 
fairly loud tone from a loud speaker, and the pressure in the ear canal 
is measured with a search tube. 

From the attenuation of the loud speaker current required to pro- 
duce threshold, the M.A.P. values are computed. The chief assumption 
is that the search tube pressures are equal to the drum pressures. 

In a second procedure, a telephone receiver is made to produce in the 
ear a loudness sensation equal to that caused by the loud speaker. The 
receiver current is then attenuated to threshold. From this attenuation 
and from the above search tube pressure measurement, the absolute 
M.A.P. value is derived. 

Since the attenuations measured by both methods were found to 
agree fairly well, it was considered justifiable to average the results. 

Munson’s data?’ were obtained for 22 ears, using eleven observers, 
over the range from 62 to 15,000 c.p.s. For frequencies below 2500 c.p.s. 
the telephone receiver was calibrated by the first method described in 
(b), page 26. For the higher frequencies a receiver calibration derived 
from Sivian’s work was used. This was obtained on the assumption that 
equality of loudness of the tones from the loud speaker and from the 
receiver, represent equal pressures on the drum. The results are shown 
in Fig. 9. 


Measurements of threshold energy delivered to the ear by a tele- 
phone receiver, by method (c), described on page 308 


Threshold measurements of this type really deal with quantities 
which inherently are somewhat different from those aimed at in M.A.F. 
and in M.A.P. work. The motional impedance (magnitude and angle) 
of a telephone receiver on the observer’s ear, is determined electrically. 
Waetzmann and Heisig,’® in the paper previously mentioned, give a 
minute description of such a measurement. From the motional im- 
pedances of a telephone receiver, taken on an observer’s ear and on a 
rigid coupler, respectively, the total energy delivered through the 





312 JOURNAL OF THE ACOUSTICAL SOCIETY [April, 


opening in the receiver cap is computed. This is done for a known cur- 
rent, well above threshold. Its value at threshold is then obtained from 
the current attenuation required to produce threshold, on the assump- 
tion that the impedance looking into the ear through the receiver cap 
opening remains constant. Waetzmann and Heisig further assume that 
the entire energy is absorbed by the drum, neglecting absorption in the 
pinna and canal walls. If this energy be divided by 3 cm? (the value 
assigned by them to the drum area), a certain energy flow per second 
per cm? is derived, and constitutes their threshold measure. They then 
take this quantity to represent the threshold intensity of a progressive 
wave for purposes of comparison with several M.A.P. and M.A.F. de- 
terminations by others. The data were taken between 340 and 4316 
c.p.s., mostly on 5 ears of 3 observers, and are plotted as individual 
points for each ear. These points, read off the plot and logarithmically 
averaged, are given in Table III. For ease of comparison with other 
data in this paper, equivalent pressures in db below 1 bar are given 
rather than the energy flows. 


TABLE ITI. 








Frequency Pressure (db) Frequency Pressure (db) 





340 —54.2 1328 
728 — 68.3 2115 
852 —69.8 3130 
1066 —72.3 4316 


The method used is quite similar to the one originally proposed by 
Hahnemann and Hecht” in 1919, in conjunction with their telephone 
receiver theory. The threshold value which they obtained at 1000 c.p.s., 
when expressed in the manner just outlined, was approximately —74 db. 


Discussion OF M.A.F. AND M.A.P. Types oF DATA 


From the several M.A.F. and M.A.P. determinations discussed above 
and the azimuth data on pages 11 and 12, the continuous threshold- 
frequency curves of Fig. 10 have been derived. 

The M.A.F. curves are based primarily upon the data given in the 
section on the present minimum audible field (M.A.F.) determination. 
Obviously, the observed points could be fitted about equally well by a 
number of smooth curves, differing appreciably from one another. In 
adopting the particular one shown in Fig. 10 (curve 2) some account 
was taken of the several other M.A.F.-type determinations available. 
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This was done quite arbitrarily, according.to the authors’ judgment of 
the experimental procedure employed. The number of ears tested in 
each case also was considered. These two criteria also determined the 
M.A.P. choice (curve 1, Fig. 10). In this case, of course, data published 
by others played the larger part; particularly at low frequencies. It has 
been stressed before that our M.A.F. data apply to young people with 
good hearing. It is felt that to a lesser extent the same may be said of 
curve 1, although in drawing it much weight was given to data for ob- 
servers whose ages were unknown to us. 

Now, it so happens that curve 2, Fig. 10, is hardly distinguishable, 
except at 15,000 c.p.s., from the smooth curve we would select to fit the 


I-MONAURAL M.A.P. 
2-BINAURAL M.A.F., 0° AZIMUTH 
3-BINAURAL M.A.F. FOR RANDOM 


PT LT 
TINS 
UT ANAL ETT 

Ht + Ye 


| TSSs SS 


5 67891 
~. 10000 €.P.S- 


Fic. 10. M.A.F. and M.A.P. Note: Himes the ordinate scale 
for curve I, see note under Fig. 9. 


monaural M.A.F. observations of Fig. 3, also for 0° azimuth; “hardly 
distinguishable”—bearing in mind the uncertainties of threshold data. 
Hence for convenience of comparison with the monaural M.A.P. curve, 
shown in the same figure, we shall in this section use curve 2 as repre- 
senting either monaural or binaural M.A.F. 

The M.A.F. pressures lie below the M.A.P. values throughout the 
frequency range. At high frequencies the two might well be expected 
inherently to differ, because of head and pinna diffraction, and wave 
motion in the auditory canal, even if the physical measurements were 
perfect in both cases. Thus above say 1000 c.p.s. these effects might 
produce differences of the order of magnitude seen in Fig. 10. Below 
500 c.p.s. they are negligible. The physical pressure measurements in- 
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volved in M.A.P. determinations become increasily difficult with rising 
frequency. When method (a) of the section on minimum audible pres- 
sure is used, wave motion in the ear canal may vitiate the assumption 
that the pressure on the ear drum is the same as the sound source would 
produce in an equal volume but of different shape enclosed by different 
walls. With the first method under (b), and at higher frequencies with 
the second method as well, the pressures are measured at points where 
owing to wave motion they may be quite different from the drum pres- 
sures. Purely metric difficulties of the wave motion type probably render 
most of the M.A.P. data above 4000-5000 c.p.s. open to question. Be- 
low say 1000 c.p.s. their effect is negligible. 

These factors might account for the large differences between the 
M.A.F. and M.A.P. values above say 1000 c.p.s., though it is not clear 
why the differences are all in the same direction. But at lower frequen- 
cies the differences are much too large to be explained in this manner. 
Below 500 c.p.s. we must look for other causes, particularly so because 
it is just at the lower frequencies that any possible discrepancies due 
to the possibly older age of the observers used in the M.A.P. work, 
would disappear. It is well established that in the age range of 20 to 
35 years for normal people, there is scarcely any aging effect for auditory 
acuity below 1000 c.p.s. There are some additional factors, partly 
metric, partly physiological and psychological, which may affect the 
M.A.P. results. 

With method (a) of the section on minimum audible pressure a cor- 
rection is required to allow for the yielding of the ear drum and of the 
canal walls. 

In using either methods (a) or (b), the extrapolated threshold pres- 
sures will be affected if the ear drum behaves nonlinearly, i.e., if 
there be physiological accommodation of the muscles controlling the 
drum tension, presumably in the direction of relaxed tension on ap- 
proaching threshold levels at low frequencies (below the first natural 
frequency of the drum). 

An effect which may be termed “physiological noise” is associated 
with the tight fit of the sound source on the ear, as indicated in Fig. 11. 
Let C be the ear canal, S the sound source tightly closing it, D the drum, 
W walls of the canal. On account of breathing, pulse actions, etc., 
mechanical vibrations are transmitted through the head to W. If, 
as in M.A.F. work, the ear canal is open, no appreciable pressures are 
established in C. If, as in M.A.P. work, C is closed by S, an alternating 
pressure spectrum having audiofrequency components is established 


































1933] L. J. SIVIAN AND S. D. WHITE 315 


ing in C. This sets D in vibration, giving the sensation of a low-frequency 
es- noise which tends to raise the M.A.P. values, particularly at low fre- 
ion quencies. 
uld In addition there are a few effects, much more uncertain than the 
ent above. In M.A.P. work the drum may for short intervals be subjected 
ith to static pressure in excess of atmospheric, which may make itself felt 
ere for the duration of the threshold measurement. The temperature 
es- throughout the ear canal is likely to be appreciably higher than in | 
der M.A.F. work, which may affect the drum impedance. The mechanical 
Be- pressure of the sound source on (or in) the ear may cause fatigue and 
annoyance, tending to lower the sensitivity. The effect of bone conduc- 
the v : 
ear | 
en- 
er. 
se Ga 
jue ZA 
rk, VA * 
to UH; YY 
ry 
tly ) 
he Fic. 11. 
or- tion may be altered by the sound source tightly fitting on or in the ear. 
he There is at present no way of evaluating these effects though some of 
them may be of consequence. 
es- An attempt to account for the difference between the M.A.F. and : 
if M.A.P. values on the basis of the first and second of these possible 
he sources of error and of resonance and diffraction effects, tacitly as- 
Lp- sumes that the threshold value of the pressure on the drum, as meas- 
ral ured in the ear canal, is independent of the apparatus used to produce 
that pressure. If the effects mentioned in the two paragraphs immedi- 
ed ately preceding be important, this assumption is invalid. 
11. The reality of “physiological noise” is easily demonstrated. In terms 
m, of Fig. 11, the volume C is increased by inserting an added volume V2 
it. between the auditory canal and S. The new configuration also is 
If, aerially sound tight, but mechanically the walls of the added volume are 
are only loosely coupled to the head through a soft petrolatum seal. With 
ing certain two observers at 100 c.p.s., the physiological noise occasionally 


became irregular and was definitely disturbing with 0.7 cm* in volume 
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C; with 10 cm* they reported it quite inaudible. It is possible that this 
“physiological” noise causes more or less masking for all observers at 
low frequencies. 

The importance of the yielding of the ear drum and canal walls has 
been recognized by a number of writers, both in connection with the 
development of an “artificial ear”! for testing telephone receivers and 
for its effect on the M.A.P. values.” 

Let the volume velocity of the positively driven sound source be 
known, e.g., by calibration in a condenser transmitter chamber with 
rigid walls. Let the air volume enclosed by it while on the ear be V.. 
If the M.A.P. be computed on the assumption that V, also is a rigid 
enclosure, the yielding of the drum will require the threshold pressures 
to be reduced by the factor 


(yP./iV qw)-Za yP. 
(yP./iV qw) +Za 


where Z, is the acoustic impedance of the drum and P, is atmospheric 
pressure. If Z, be assumed preponderantly elastic, equivalent to an air 
volume Va, 





iV .w 


K = (Va + Va)/Va. 


We shall now consider three determinations of ear drum impedance, 
in each of which the human ear served as a passive object under meas- 
urement. Only the low-frequency values are quoted since the yielding 
of the drum above say 1000 c.p.s. has but a small effect on threshold 
data. 

A. L. Thuras”’ gives the values in Table IV of the acoustic impedance 
(Z:) at the opening of the ear canal, all obtained on one ear. An average 
figure assigned by anatomists to the air volume in the auditory canal 
is 1 cm*. This was used here in deriving the values of Z,in the Table IV. 














TABLE IV. 
Zi Za 
Frequency 
R; Xi Ra Xa 
100 410 — 1320 2050 — 2320 
200 255 —670 1206 —990 
400 173 —318 618 — 296 
600 128 —255 588 — 166 
800 105 —227 595 —14 


1000 85 — 200 545 +76 
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Triger’s values” also are for one ear, and directly give the drum im- 
at pedance per unit area. On dividing them by the area, 0.38 cm? in this 
case, the acoustic impedances given in Table V are obtained: 
































aS 
1e TABLE V. 
id : bs ' cE 
Za 
Frequency —_— - - 
2€ Ra Xa 
th - . 
96 very large very large 
vo 250 132 —560 
id 355 137 —415 
eS 450 154 —288 
570 104 —151 
720 102 —91 
758 88 —76 
800 66 —117 
818 109 —100 
: 860 133 —86 
” 925 210 —135 
ir a - 
Inglis, Gray, and Jenkins' give the acoustic impedances at the en- 
trance to the auditory canal, measured on 7 male human ears. (Table 
si VI.) Here again 1 cm* was taken as the average ear canal volume, and 
al Z, computed accordingly. 
1g 
Id TABLE VI. 
Z; La 
- Frequency ——__—__—__—_—_- — 
ge Ri Xi Ra Xa 
al a — _ 
Vv. 200 50 to 250 — 1134 to —633 --- — 
400 100 —530 2880 —232 
500 20 —465 5290 +5380 
600 13 — 346 2170 —3910 
a 800 35 —225 664 —737 





In all the foregoing computations of the drum impedance, yielding 
of the ear canal walls has been neglected in comparison with that of the 
drum. The values of Z, in these three tables indicate large discrepancies, 
which is easily understood in view of the measurement difficulties and 
of the variations among individual ears. However, they all indicate that 
the drum yielding is not sufficient to account for the low-frequency 
difference between curves 1 and 2 in Fig. 10. Its effect is greatest when 
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V, is least. Taking V,=1 cm’, which probably is close to the smallest 
volume used in any of the M.A.P. determinations, a few values of K 
have been computed in Table VII. 





TABLE VII. 
Freq. Reference K (db) Freq. Reference K(db) 
96 Table V 0 300 Table IV 4.4 
100 Table IV 4.1 355 Table V 6.7 
200 Table IV 3.8 400 Table VI 0.4 
200 Table VI -—0O.1 to +4.9 400 Table IV | 


250 Table V 8.0 


When the sound source is a telephone receiver calibrated in a rela- 
tively large enclosure (e.g., Meyer’s calibration on a “rigid artificial 
ear”) simulating the ear volume under a telephone receiver cap, which 
is of the order of 4 to 6 cm’, the correction for yielding of the drum is 
even smaller than indicated above. In this case, however, another un- 
certainty may arise. At low frequencies (say below 600 c.p.s.) the sound 
leakage between the receiver cap and the real ear may be important, 
unless special means such as sponge rubber pads or plasticine seals are 
used. 

Those M.A.P. data obtained by method (b), page 308, are not subject 
to any drum yielding correction since the pressure is measured directly 
in the ear canal. 

To sum up, the effect of yielding of the ear drum and canal walls is 
adequate to account for only a fraction of the difference between the 
M.A.P. and M.A.F. values at low frequencies. 

On account of the exigencies of the experiment, all the above drum 
impedance measurements were made at fairly high levels, perhaps 60 db 
or more above threshold. Possibly as threshold is approached, some- 
thing in the nature of muscular accommodation takes place, in the 
direction of decreasing the drum stiffness as mentioned above. An at- 
tempt was made to measure the drum impedance, Za, at the threshold 
levels as shown schematically in Fig. 12. It assumes that at the fre- 
quencies used (100 c.p.s. and 200 c.p.s.), Za, is essentially a reactance; 
presumably, though not necessarily, an elastic reactance. V; is that 
portion of the ear canal between the drum D and the plane AB, en- 
closing a fixed volume of about 0.8 cm*. The volume V2, between planes 
AB and EF, is adjustable in magnitude; at one end it can be joined 
sound-tightly to the volume V; by withdrawing tube T to the position 
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shown. The sound source is a receiver C, delivering sound through a long 
narrow tube 7. Let the impedance of V:+ V2 be Z12. Let Zp be the in- 
ternal impedance of the source, as measured at H, looking toward C. The 
dimensions of T were chosen so that Zo>>Z1(=(ZaXZ12)/(Za+Z12)). 
Hence the pressure on D is proportional to Z; and to the receiver cur- 
rent 7. From any two pairs of values of Z:2 and threshold current 7., 
Z, can be computed. The several Vi: +V2 volumes used, were 0.8, 10 
and 40 cm*. The average results for 4 observers gave the air-volume 
equivalents of the ear drum, as 8.7 cm* and 2.7 cm’ at 100 c.p.s. and 
200 c.p.s., respectively; much larger than any V, values corresponding 
to drum impedances measured by others at higher pressure levels. 





Fic. 12. Schematic of apparatus for measurement of ear drum impedance at 
low frequencies and threshold pressures. 


(Tables IV, V and VI.) If a sound source is calibrated in a 1.5 cm’ 
chamber with perfectly rigid walls, and then used to determine thresh- 
old while enclosing 1.5 cm* on the ear, the M.A.P.’s should be lowered 
by 16.7 and 9 db at 100 and 200 c.p.s., respectively. These values would 
just about account for the differences between the M.A.P. and M.A.F. 
curves in Fig. 10, at these two frequencies at any rate. 

The low values of threshold drum impedance deduced above may 
appear questionable.* The above experiment is open to at least one 
other interpretation which would explain the low-frequency M.A.P.- 
M.A.F. difference on the basis of masking by physiological noise, de- 
scribed above. This will be clear on comparing the diagrams in Figs. 11 
and 12, since the experiment was so arranged that as V2 was increased, 


* There is no evidence of any considerable drum accommodation in going from one high 
sound level to another. Thus A. L. Thuras finds no appreciable change in impedance on going 
from the maximum pressure amplitude which the ear could stand to an amplitude as low as 
1/25 of the maximum. Of course, both these pressure levels are far above threshold, and pos- 
sibly beyond the region in which drum accommodation, if any, takes place. 
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the coupling of Vi:t+V, to the bony portion of the canal walls which 
transmit the noise, remained largely unchanged. Therefore, the noise 
level decreased as V2 was increased, which would account for the results 
observed even though the drum impedance were very high. None of the 
threshold seetings was made with the observer conscious of any such 
noise in his ear. This may be due to the normally sustained character 
of the noise; heard as noise only when it happens to be irregular, but 
causing some masking of the test tone at all times. No observer re- 
ported this noise above 100 c.p.s.; several did at 100 and at 60 c.p.s. 

A definite answer to the question—why do the M.A.F. and M.A.P. 
curves differ at low frequencies?—cannot now be given. The evidence 
available indicates that: (1) the correction for drum yielding can ac- 
count only for part of the discrepancy; (2) part may be due to “physi- 
ological noise,” particularly from 200 c.p.s. downward; (3) that some 
such effects as static pressures, higher temperatures, fatigue, etc., play 
an important part in differentiating open field hearing from hearing with 
a source tightly fitting on the ear. 
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THE ABSORPTION BY POROUS MATERIALS AT 
NORMAL INCIDENCE—A COMPARISON OF 
THEORY AND EXPERIMENT 


By H. L. PENMAN AND E. G. RICHARDSON 
Armstrong College, University of Durham, England 


The theory of absorption and reflection of sound in porous materials 
was first treated theoretically by Rayleigh’ and elaborated by Paris.’ 
They treat the case of sound incident normally on a wall consisting of 
a flat surface perforated by a large number of similar conduits of cir- 
cular cross section and uniformly distributed, deducing expressions 
which give the ratio of the amplitudes of the incident and reflected 
waves. Two cases arise according to whether the tubes are to be con- 
sidered “narrow” or of “moderate width.” As the theory of the re- 
sistance to alternating motion of such tubes can be found in any text- 
book of the mathematical theory of sound,’ we will merely quote the 
results. The criterion which separates the two cases is the quantity 
r(iw/v)'/? in which r is the radius of the capillary, v is the kinematic 
viscosity of air, w is the “cycle-frequency” (27n). If this expression is 
less than unity, the tube, according to Rayleigh, is effectively “narrow” ; 
if it lies between 1 and 10, it falls in the moderate width class. The 
wave penetrating the tube being written in the form & = &9e~*7e' @*-*), 

Rayleigh showed that 


Case 1. 
a = B = (w/rc)(4v/w)'! (1) 

Case 2. 
a = (1/rc)(wv’/2)'!? (2) 
B = w/c + (1/rc)(wr’/2)"!?. (3) 


The quantity pc, the product of the density and velocity of sound in 
a substance (which is now usually known as the “specific acoustic im- 
pedance”) characterizes the behavior of the substance with regard to 
waves incident upon it. Thus, if we have two media characterized by 
the quantities pc, p’c’, respectively, and if £ is the displacement of a 
wave in the first medium incident normally on the second, while & is 
that of the wave reflected back into the first medium at the boundary, 
we can show that the reflection coefficient 

1 Rayleigh, Phil. Mag. 16, 181 (1883). 


? Paris, Proc. Roy. Soc. A115, 407 (1927). 
3 e.g., Rayleigh’s Theory of Sound, I, §351 (1896). 
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to p’c’ — pe p'e'/pe — 1 
= wae ae (4) 
f& pe’ +pce  p’c'/pc+1 
For a porous material of infinite thickness we have: 
Case 1. 
p’c’/pc = (4v/wr?)'/2(1 — i), from (1). (5) 
Case 2. 
p’c'/pc = 1 + (1 — #)-(wr’/2r?)"/? from (2) and (3). (6) 


If, however, the “tubes” forming the material are of finite length, / we 
must replace these equations by others involving the impedance of a 
finite pipe,‘ which is Z;= —cp’c’ cot 1(8—ia). The impedance factors 
given above must then be multiplied by: 
Case 1. 
cot | (w/rc)(4v/w)'/2(1 — i)-1} (7) 
Case 2. 
cot {w/e + (1/rc)(wr’/2)/2(1 — il} (8) 


to obtain the appropriate value of the relative impedance. 

If then we can measure the relative amplitudes of waves in the open 
air incident on, and reflected from the boundary of a wall consisting of 
tubes of known dimensions, the wave front being parallel to the wall 
“surface,” it should be possible to compare the Rayleigh formula with 
experiment, which is the object of the present research. 


EXPERIMENTAL PROCEDURE 


The method of the experiment, reduced to its essentials, consisted in 
feeding sound into a moderately wide pipe from a constant frequency 
source at one end, while the other end was closed with a specimen of the 
“porous material” backed by a rigid stop of teak, and in finding a 
pseudo node or antinode, i.e., the position of minimum or maximum dis- 
placement or pressure amplitude. Wente and Bedell‘ have already used 
a somewhat similar idea. They determined the driving-point impedance 
in the neighborhood of the source, and hence found the impedance of 
the material used as a stop at the far end of the tube. 

Suppose we have a finite tube of length /, with a piston at the origin 
supplying power at a constant frequency, and at the other end a piston 
driven by the sound waves transmitted to, and reflected from, its sur- 
face. When the steady state is reached the motion of the air particles 


* Wente and Bedell, Bell Sys. Tech. J. 7, 7 (1928). 














324 JOURNAL OF THE ACOUSTICAL SOCIETY [April, 





within the pipe is the same as that due to a single train of incident and 
a single train of reflected waves. For the direct waves: 


£ _ AeW (at iB) zegiut 
and for the reflected waves: 
£5 a Beet zeiet | 
Thus the velocity at any point in the tube 
E, = [Ac @+i8)2 — Belatis)z| git, 
The excess pressure is +cpé and is therefore given by: 


= pc[Ae~ (at i8)2 fe Be(ti8)z |eivt 


Dropping the time factor for the moment, we have: 
at x = 0, &, = A —-B,po=At+B 
atx = i. £, = Ae-(atis)l — Belatis)l 
pi = pc[Ae~@ti8)! 4 Belaris)ty | 
If the applied force at x=0 be ~=yYe' and the pressure poe, the 
impedance will be Zo = (Wo — po) /&. The corresponding boundary condi- 
tions at x=/ give us Y=0, p = pe'*', whence the impedance is Z; = p;/ £1. 
For convenience, let e~‘*+®) = L, and we have 
ZA — B) + pc(A + B) = Wo 
Z,(AL — B/L) — pe(AL + B/L) = 0. 


Solving for A and B and substituting in the original expressions, we 
have: 


i, = [(Z, + peje (ari8s — 12(Z,— pc)e(ati8)2 |Y4/D 
pe = pc|(Zi + pc)e~ “+ + L2(Z, — pc)e@t'®)= |yo/D 


where D = (Zo + pc)(Z: + pc) — L?(Zo + pc)(Zi — pc). 


As the pipe used in practice is a wide one, dissipation can be neglected, 
i.e., @=0. When the steady state has been attained, let p; and pz be the 
pressure at two points x, and 2 in the tube. Then we have: 

pi (Zi + pc)e~®*1 + (Zi — pc)e'z1- e208 

Po (Zi + pc)e~#*2 + (Z; — pcje¥*2- e208! 





since D is independent of x. Rearranging slightly 


Pi (Zi + peje’) 4+ (Z, — pce 8-2) 


pe 7 (Z, + pc)eiB(l-22) + — pc)e-i8(l-2,) 
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or, putting B(/—x) =8 


pri Zile’®s + e~ 1) + pele’: — e-*1) =Z, cos 0; + ipe sin A 
pe Zile'®: + e~ 2) + pc(e®: — e-*:) Z, cose + ipc sin 02 
pe sin 6; = pi sin A 


pe 
pi cos A» = pe cos 6; 








Zi =i 


This expression offers a way of finding Z, from observations of pres- 


sure amplitude. If two points can be found at which the pressure varia- 
tion is the same, then 


y d sin 6; —_ sin Ao . 6; + A> 
(a) pi = po; Zi = ipc = ipc cot 
cos #2 — cos 4; 








Let the two points converge upon the maximum 6,—6.— say, then at 
the maximum we have: 
Z = ipc cot 0 (9) 


where 6=6(/—x) = (w/c)(l—x) =(2rn/c)-y, y being the distance of the 
maximum from the surface of the test material at x =/, m the constant 
frequency at x=0, and c the velocity of sound: 











(b) ‘a lediieas eal na tia ipc tan eo. 
cos 62 + cos 8; 
When 6,-4.8 this becomes 
Zi = — ipc tan@ (10) 


corresponding to a minimum pressure variation. The determination of 
Z, is thus reduced to that of the position of either maximum or mini- 
mum pressure variation. 

For the measurement of pressure amplitudes a manometric capsule, 
of a type previously used by one of us’ in impedance measurements, was 
employed (see Fig. 1). The movement of a thin rubber membrane in 
contact with the air in the pipe is recorded by a very small piece of 
silvered glass stuck eccentrically on the membrane, and the usual lamp 
and scale. The pipe was 14” wide and about 3’ long, in three telescoping 
sections, of which the central piece contained the capsule (see Fig. 2). 
For displacement amplitude a small hot-wire fork was pushed along a 
wooden pipe of square section (2”), the velocity fluctuation being meas- 
ured in terms of the steady drop of electrical resistance produced by it 


5 Richardson, Proc. Phys. Soc. A40, 206 (1928). 
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in the wire. The wire was calibrated for amplitude by previously mount- 
ing it on a tuning fork of appropriate frequency,® the source of sound 
being a Brown loudspeaker unit. 

In the first instance ad hoc acoustic materials were used; Paxfelt 
(Newell’s Acoustic Products, Ltd.) and ordinary underfelt, substances 





Fic. 1. Manometric capsule. 


of similar construction, the first being made of asbestos fiber. In each 
case a minimum was looked for, by plotting a few readings on each side 
of the minimum response as the instrument was moved along the pipe. 
By applying Eq. (9) or (10) with (4) the reflection coefficient was calcu- 





Fic. 2. Apparatus. 


lated. The results are shown on Fig. 3. (Throughout this paper, coef- 
ficients are expressed in terms of amplitude, not energy.) 

For the test of the Rayleigh theory of absorption, a large number of 
capillary tubes were drawn out, and lengths having radii as close as 
possible to 0.02 cm were selected. A sufficient number of them was at- 
tached side by side to fill the round pipe. Actually there were estimated 
to be 2600 of them, with an aggregate cross-sectional area of 3.26 sq. cm, 


6 Richardson, Proc. Roy. Soc. Al12, 522 (1926). 
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i.e., 0.45 of the total cross section of the pipe. With the apparatus of 
Fig. 2, the results shown by dotted lines and points on Fig. 4 were ob- 
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Fic. 3. Reflection of porous materials. 
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Fic. 4. Variation of absorption with length of pores. Dotted and unbroken 
curves, theory; dashed curves, experiment. 
tained for this artificial porous material. The smooth curves give the 
corresponding coefficients calculated from the Rayleigh formula. It is 
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open to question whether formula (5) or (6) should be used for com- 
parison with theory, as the tubes used form a borderline case. Actually 
the theoretical values of the coefficient of reflection were calculated from 
the real part of both the following expressions. 


py \1/2 (Iw fv’ \1/2 
p’c’ = pc |— (~) (1 — 7) cot 1=(<) C= ait | 
r ® rc ® 


from (5) and (7) (11) 


a (3 + (1 — ma (<)" bed a Ls (~) "a aoe i | 
icles ng 2w ) cot 4 re \2w Mr 
from (6) and (8) (12) 


The coefficient of viscosity in the second case is enhanced by the 
effects of heat conduction (cf. Rayleigh), so that v’ =(v+o)'”, o being 
the appropriate value of the conductivity of the air (v=0.13; ¢ =0.17; 
v’=0.54). The real parts of these expressions in square brackets were 
determined by writing the cotangent terms in the form 


, eth 4 etia §— (et) — 1) — 2ie® sin 2a 
cot (a — ib) = i: si 











e2> — ¢-2ia et — 2¢ cos 2a + 1 


and the multiplying factors as c—id, and sorting out the real terms in 
the products. c was taken as 33,700 cm/sec., this being the mean value 
based on wave-length determinations with the rigid stop. When allow- 
ance is made for the fact that only 0.45 of the area of the material is 
perforated the formula corresponding to (4) is: 


p’c’/pc — 0.45/p’c’/pc + 0.45 (13) 


and is the final expression allowing the dotted lines (by using (11)) and 
full lines (by using (12)) of Fig. 4 to be calculated. 


DISCUSSION OF RESULTS 


It is evident at a first glance at Fig. 4 that while the general phenome- 
non (variation with frequency and length) is aptly described by Ray- 
leigh’s theory, yet the thing is lacking in that the maximum absorption 
for any given frequency as the tubes are lengthened is not reached soon 
enough by the theory. Indeed, at the higher frequencies this maximum 
is reached in a very limited thickness by a real absorbent. This can be 
seen on Fig. 5 where the same results are plotted as absorption: thick- 
ness for each frequency. This fact was pointed out by Crandall, as a 
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deduction from P. E. Sabine’s’ reverberation measurements. On the 
other hand, it cannot be said that the “artificial” absorbent does not 
exhibit the same characteristics as the “natural” ones of Fig. 3. One is 
forced to the conclusion that the damping in an actual perforated struc- 
ture is greater than that in the theory. 

Practical data relating to the decrement of waves transmitted through 
narrow tubes or to their velocity are rather meager. The experiments of 
Simmons and Johansen® relate to infrasonic frequencies, and those of 
Canac® at audiofrequencies are for rubber tubes at least 6 mm in 
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Fic. 5. Variation of absorption with thickness. 


diameter. Those of one of the authors® relate to rubber tubes of 1.7 mm 
diameter. All agree that the measured damping of the sound waves far 
exceeds that given by the classical theory. This means that factors (7) 
and (8) must be increased to account for the greater damping. The only 
feasible way to do this, and still retain the theory, is to suppose that 
v is greater than the usual value taken. This inference is confirmed by 
the measurements on the propagation of waves in the narrow tubes just 
mentioned,® where it was necessary to assume a value for v in the tube 
8 times that which one would use for continuous streamline flow. These 
7 Sabine, Phys. Rev. 17, 378 (1921). 


8 Simmons and Johanson, Phil. Mag. 50, 553 (1925). 
® Canac, Revue d’Acoustique 1, 52 (1932). 
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present results (Fig. 4) indicate an enhanced damping of the same 
order. 

Of course, these absorption coefficients determined by stationary 
wave methods are not the same as those for large slabs of the material, 
as P. E. Sabine!’ has found, but presumably this “size effect” would be 
the same for all the samples tested. 

This increased friction is bound up with the experimentally con- 
firmed fact that in oscillatory motion, just as in a wire carrying an 
alternating current, there is a greater amplitude of motion in the outer 
annuli of the conduit than at the center.® This “annular effect” causes 
a greater gradient of velocity at the walls, than in one-way flow, and 
further, this gradient increases in magnitude with (w)”, so that the 
greater damping at higher frequencies also finds its explanation in 
terms of this effect. Canac has shown, by comparing rubber and steel 
tubes, that yielding of the walls may also produce additional friction. 

To sum up, we may say then that our experimental test of the Ray- 
leigh theory of absorption in porous substances confirms the general 
character of the theoretical results, but other sources of damping of 
waves in narrow tubes must be sought before quantitative agreement 
with theory can be expected. Until more data are available on the 
damping and velocity of sound waves in tubes less than one millimeter 
in diameter, it seems scarcely profitable to do more than throw out 
the suggestions above as to the origin of this additional damping. 

We wish to offer our thanks to Professor W. E. Curtis for putting 
every facility of the laboratory at our disposal during these experiments; 
also to the Durham County Council for a grant to one of us (H.L.P.) 
enabling the work to be continued. 


March 22, 1933 


10 Sabine, Phys. Rev. 19, 402 (1922). 








COMPONENT TONES FROM A BELL 


By ARTHUR TABER JONES AND GEORGE W. ALDERMAN 
Smith College and Massachusetts State College 
ABSTRACT 


The gravest sixteen partials of three bells (weights 900 kg, 675 kg, 464 kg) have 
been examined by the method described by Tyzzer. The numbers of nodal meridians 
and nodal circles found for the partials of these bells agree with those found on three 
smaller bells by Tyzzer, except that some additional circles are now found in the upper 
parts of the bells. The levels at which nodal circles are found are given. The relative 
frequencies of certain modes of vibration of the bells now studied are compared with 
those for the corresponding modes of a thin ring. Various reasons are adduced for be- 
lieving that the vibrations of bells have a considerably larger compressional component 
than has usually been supposed. Oscillograms have been obtained from which the am- 
plitudes of the partials have been calculated. When a bell is struck in the usual manner 
the most prominent partial at first is the fifth. In less than half a second—on the bells 
investigated—the fifth has yielded to the third, which is the most prominent until 
about four seconds after the stroke. After that the first partial is the most prominent. 
An appendix gives an approximate method of correcting for the beats with which some 
partials are affected. 

INTRODUCTION 


Purpose of this study 


When a bell is struck it vibrates simultaneously in a number of differ- 
ent “normal modes.” Each of these modes gives rise to a simple tone, 
and the sound from the bell may be regarded as produced by the super- 
position of these various simple tones. Each normal mode is character- 
ized by a definite pattern of vibrating segments separated by nodal 
lines. The nodal lines fall into two groups: A group of “nodal meridians” 
which run up and down the bell at different azimuths, and a group of 
“nodal circles” which run around the bell in planes parallel to the 
mouth. 

The number and distribution of the nodal lines have been examined 
for a few of the simpler modes by Rayleigh,’ for several additional 
modes by one of us?* and recently for a large number of modes by 
Tyzzer.4 The present study, restricted to the gravest sixteen partial 
tones, contributes further to our knowledge of the nodal lines, it supple- 
ments a recent study’ of the relative intensities of the partials, and it 
throws new light on the compressional vibrations of bells. 

1 Lord Rayleigh, Phil. Mag. 29, 1 (1890), and Theory of Sound, Ed. 2, Vol. 1, art. 235a. 

2 A. T. Jones, Phys. Rev. 16, 247 (1920). 

3 A. T. Jones, Phys. Rev. 31, 1092 (1928). 


4 Franklin G. Tyzzer, J. Franklin Inst. 210, 55 (1930). 
5 A. T. Jones and G. W. Alderman, J. Acous. Soc. Am. 3, 297 (1931). 
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Designation of partial tones 


It has been customary to regard the tones from a bell as arranged in 
order of increasing frequency, and to speak of the “first partial,” “second 
partial,” and so on. So long as we are dealing with no partial above the 
fifth, this designation is entirely satisfactory. But Tyzzer has found five 
partials between those which are usually called the fifth and the seventh, 
and he has found four between those that we have been calling the 
seventh and the tenth. Some new means of designating the partial tones 
of bells is needed. It seems wise however to delay any attempt in that 
direction until our knowledge of the nodal lines has been somewhat 
further extended. For the present we are retaining the numbering of the 
partials which we have been calling 1, 2, 3, 4, 5, 7, 8, 9, and 10, and 
are giving to the remaining partials below 10 the numbers 6a, 6), 6c, 
6d, 6e, 9a, and 9b. 

Nopat LINEs 
Method of study 


To determine the positions of the nodal lines we have followed the 
method employed by Tyzzer. That is, we caused the bell to vibrate in a 
single one of its normal modes by means of a telephone receiver fed 
from a vacuum tube oscillator. The diaphragm of the telephone re- 
ceiver was replaced by a soft iron armature about 25 mm X8 mm X0.3 
mm, covered with rubber dam. During most of our work the telephone 
receiver was mounted so that the rubber coated armature rested against 
the bell, but was not attached to it. The frequency of the oscillator could 
be varied, and when it was close to the pitch of a normal mode of the 
bell the vibration of the armature elicited a resonant response. 

While the bell was vibrating we explored its surface with a mechani- 
cal listening apparatus like that used by Tyzzer. This apparatus was 
made for us by the Riverbank Laboratories, in which Tyzzer made his 
study. The frequency of the vibration was determined by the method 
of beats, making use of the same tuning forks that we employed in 
earlier work.® 


Results 


We have studied three bells—f, g, and a in the Dorothea Carlile 
Chime at Smith College. The weights of these bells are respectively 
1980 Ib. (900 kg), 1487 Ib. (675 kg), and 1022 lb. (464 kg), and the 
weights of the three bells that Tyzzer studied are 800 lb. (363 kg), 250 
Ib. (113 kg), and 35 lb. (16 kg), so that his bells and ours form a series 
of six bells which supplement each other without overlapping. Tyzzer 
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did not find partial 6) or 9a on his 800 Ib. bell, and we did not find 9a 
on our g and a bells. With these exceptions the first sixteen partials 
were found on all six of these bells. 

On our bells the pitches of the partials ascend in the order 1, 2, 3, 4, 5, 
6a, 6b, 6c, 6d, 6e, 7, 8, 9, 9a, 9b, 10, except that on the a bell 6d is sharper 
than either 6c or 6d, and that on both the g and a the bells 9 is sharper 
than 9b. On Tyzzer’s bells the pitches have the same order except that 
6a is sharper than 6), that on his two larger bells 6c is sharper than 6d, 
and that on his largest bell 9b is sharper than 10. It is clear that the 
order in which the frequencies of these first sixteen partials appear is 
not the same on all bells. 

Table I shows the nodal lines that we have found. The numbers of 
the nodal meridians are the same as those found by Tyzzer, and are 
indicated by the numbers before the hyphens in the column headed T. 
The table gives the levels at which we have found nodal circles, and in 
addition it contains the levels of certain nodal circles as found by a less 
accurate method? a dozen years ago on the same bells, and also averages 
of levels found on the bells of the Harkness Memorial Chime at Yale 
University.’ 

When looking for nodal circles it is sometimes extremely difficult to 
feel sure whether we have found one or not. This difficulty arises in 
part from the fact that the intensities in the different vibrating seg- 
ments sometimes differ greatly. Some partials (5, 6a, 7, 10) are strong 
in the soundbow but faint in the upper parts of the bell, others (6), 9) 
have good intensity in the upper middle levels but are faint in the lower 
parts, whereas at least one (6e) is stronger at the lip and in the crown 
than in the parts that lie between. The question marks to be found in 
the table under partials 9 and 10 for the a bell indicate that we were 
not able to find any nodal circles, but that in both of these cases the 
tone was very faint, if heard at all, above or below the vibrating seg- 
ment in which it was strongest. 

In spite of the difficulty in locating nodal circles it will be seen that 
our results agree with those of Tyzzer except for circles in the upper 
part of the bells. These circles would probably offer especial difficulties 
on the smaller bells that he studied, and if they exist on those bells it 
is not surprising that he missed them. An examination of our table sug- 
gests that there may be circles which we did not find. 

The table shows that the agreement between the new and the older 
values for the levels of the circles is very good for the second, third, and 
fifth partials, but that for the fourth and seventh it is not very satis- 
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TABLE I. Levels of nodal circles. 
Tyzzer indicates each partial “by two numbers; the first, its number of meridian nodes; 
and the second, its number of circular nodes. Thus a 6-3 has six meridian nodes and three cir- 
cular nodes.” When there is only one nodal circle, and when this circle is close to the mouth, 
Tyzzer indicates the circle by 14. In the following table the column headed P gives our nota- 
tion for the partial, and the column headed T gives Tyzzer’s notation for the same partial. 
The levels of the nodal circles are indicated, as in earlier publications by one of us?*, by 
fractions. The unit is the distance from the lip of the bell to its shoulder,® measured along the 
surface of the bell. The first partial has no nodal circle. Question marks after levels mean that 
we were not very certain as to the existence of these circles. 
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factory. For the seventh we find a nodal circle nearly half way up the 
bell. On the Harkness Chime one of us,* working with Helmholtz reson- 
ators, found an additional nodal circle about three quarters of the way 
up. The smaller size of the bells in the Dorothea Carlile Chime makes 
it difficult to locate nodal circles for the seventh partial with a resona- 
tor. However, we made the attempt, and on the f bell a resonator seemed 
at first to indicate a circle at about three-quarters the height, whereas 
the Riverbank listening apparatus did not show it. Further examination 
led us to believe that what appeared to be a circle at the three quarter 
level arises from a sound pattern in the air and not from a nodal circle 
in the bell. Whether it is possible that such a pattern can explain the 
second circle on the bells of the Harkness Chime, or whether on those 
bells there really is a nodal circle at about three quarters of the height 
we have at present no means of judging. 

In determining the positions of the nodal lines we have in most cases 
worked on the outside of the bells. The location of the nodal circle for 
the fourth partial was sought on the Harkness Chime both on the out- 
side of the bells and on the inside. Both values are given in the table, 
the former in parentheses. When working with the Riverbank appa- 
ratus, and on the Dorothea Carlile Chime, we failed to find a nodal 
circle for the fourth partial on the outside of the bells, but we did find 
it on the inside. 

The explanation of this curious fact appears to be as follows. In the 
Riverbank apparatus‘ the vibration is picked up by a light pin, one end 
of which touches the bell. If the vibration of the bell has a sufficient 
component along the pin the sound is heard, but if the bell is either at 
rest or vibrating in a direction perpendicular to the pin no sound is 
heard. On a nodal line the sound in the listening apparatus should dis- 
appear when the apparatus is perpendicular to the surface of the bell. 
At some times a sound in the listening apparatus could be made to dis- 
appear by tipping the apparatus somewhat away from the perpendicu- 


6 It will be convenient to collect here several technical terms that are used in this paper. 
The “lip” of a bell is the edge that surrounds the “mouth.” The “soundbow” is the part of the 
bell on which the clapper strikes. It is thicker than the rest of the bell, and is a short distance 
above the lip. The “crown” is the approximately horizontal plate that closes the upper end of 
the more or less cylindrical part. The crown meets the cylindrical part at the “shoulder.” 
The “waist” is at the level where the cylindrical part flares out toward the mouth. Above 
the crown some bells are provided with “canons”; others, like the bells in the Dorothea 
Carlile Chime, have simply a short vertical cylinder through which passes the bolt that 
supports the bell. The diameter of this cylinder is considerably less than that of the body of the 
bell, and we are calling it the “shank.” 
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lar. This seemed to imply a vibration in a direction perpendicular to the 
pin in its new position. In the case of the fourth partial the direction of 
vibration near the lip seemed on all three bells to be in a direction tan- 
gent to some such curves as we have sketched in Fig. 1. 


Fic. 1. Section of one side of the lower part of a bell. The lines on the section indicate the direction 
of motion during vibration in the fourth normal mode. 


COMPRESSIONAL VIBRATION 


It has been customary to regard the vibration of bells as mainly flex- 
ural. In such vibrations the number of nodal meridians cannot be less 
than four. On the bells that Tyzzer examined he discovered four modes 
in which there are less than four nodal meridians, and in which it fol- 
lows that an important part of the vibration is compressional. These 
are the modes which we are calling 6a, 6e, 9a, and 9b. From Table I it 
will be seen that on all three of the bells that we have studied we have 
found three of these new modes, and that on one bell we have found the 
other. 

If we examine the general problem of the modes of vibration that 
might exist in a bell it is clear that we must consider the possibility of 
both flexural and compressional vibrations, and that we must con- 
sider the possibility of both of these types in an elementary circle that 
is parallel to the mouth, and also in an element that runs up along a 
meridian. If an elementary circle were separated from other parts of the 
bell it would be simply a free ring, and when such a ring is thin it is 
known that its vibrations fall into two classes: In one class the vibra- 
tion is almost entirely flexural, and in the other it is almost entirely 
compressional. But when the ring is coupled to other parts of the bell it 
may well be possible for the flexural and compressional components to 
be more nearly equal. In the case of a meridian element let the vibration 
be in the meridian plane. If there is no node at the shoulder of the ele- 
ment it would seem that any flexural vibration below the shoulder must 
be accompanied by compressional vibration in the crown, and that 
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e flexural vibration in the crown must be accompanied by compressional 
of vibration below the shoulder. 
1- It is well known that no vibration of any body can be entirely flexural, 


but the above ideas suggest the hypothesis that in the vibration of bells 
the compressional component may have a greater importance than has 
usually been attributed to it. 

This hypothesis appears to explain various facts. If the vibration of a 
bell were almost entirely flexural there could not be much vibration in 
the crown without a nodal circle at the shoulder, and there would be 
practically no vibration in the shank of a bell. In all of the four gravest 
modes, and on all three of the bells that we have studied, the listening 
apparatus shows that the transverse vibration extends up the side of 

on the bell, over the shoulder, and well onto the crown. In these cases 
there is no indication that the vibration normal to the surface vanishes 
in the neighborhood of the shoulder. In a number of modes there is also 
radial vibration in the shank. These facts seem to require that the 


X- flexural vibration be accompanied by a very appreciable compressional 

SS component. 

eS The hypothesis that a compressional component may be important 

1- assists in explaining such a case as that of partial 6e, where, as already 

se mentioned, the transverse vibration is less intense—and a tangential 

it vibration in the meridian plane presumably more intense—in the middle 

ve levels of the bell than near the lip and in the crown. Further, such a 

he vibration as that shown in Fig. 1 can hardly be regarded as mainly ’ 
flexural. : 

at In partials 6c, 6d, and 6e on our bells a decrease in the number of 

of nodal meridians is accompanied by a rise in pitch. The distribution of 

n- nodal circles does not seem to be sufficiently different to account for 

at this anomaly. But since 6e has only two nodal meridians it is obviously : 

a a mode that has a large compressional component. It is well known that | 

1e the compressional modes of a thin bar or ring are higher in pitch than 

is the corresponding flexural modes. It may be that the importance of the 

a- compressional components in these three partials of a bell increases from 

ly 6c to 6d, and from 6d to 6e. If so, we have a simple explanation of a 

it rise in pitch accompanying an increase in the width of the vibrating 

to segments. 

on Again, consider two modes in which the distribution of nodal circles 

e- is much the same. If both modes are largely flexural we might expect 

ist that the ratio of their frequencies would not differ widely from the 


corresponding ratio for the flexural modes of a thin ring. We should 





338 JOURNAL OF THE ACOUSTICAL SOCIETY [April, 


not expect the two ratios to be precisely the same, partly because each 
elementary ring that might be cut from the bell is really coupled to other 
parts of the bell. Moreover, the number of nodal radii in the crown of 
the bell must of course be the same as the number of nodal meridians in 
the sides; and when the number of nodal radii in the crown becomes 
larger it is to be expected that the amplitude of the transversely vibrat- 
ing segments between these radii will become smaller. It follows that 
the compressional component in the part of the bell below the shoulder 
will probably also become smaller. Thus, if other factors remain the 
same, the higher pitched partial of the bell will have a smaller com- 
pressional component—consequently a smaller elevation of pitch—and 
this will have the effect of making the ratio of the frequencies somewhat 
closer to unity for the bell than for the ring. If for any other reason’ the 
higher pitched partial of the bell has a still smaller compressional com- 
ponent—or the lower pitched partial has a greater compressional com- 
ponent—the ratio of the frequencies for the bell will be still closer to 
unity. 

Table II enables us to test these ideas. In every one of the cases ex- 
amined we find the frequency ratio for the bell smaller than that for the 
ring. For partials (3, 5), (5,7), and (7, 10) the difference is probably not 
greater than we might expect. The greatest deviation between bell ratio 


TABLE II. Ratios of frequencies of certain partials on bells compared with the corresponding 
ratios for a thin ring.® The numbers in parentheses give the partials which are compared. The 
three numbers that follow them give the ratios of the frequencies found respectively on the f, 
g, and a bells of the Dorothea Carlile Chime. 








Relative f ci , , , 
Nodal meridians a frequencies of partials on bells 








in ring 
f g a 
6,8 1.92 (3,5) 1.70 1.69 ey | 
(4, 6b) 1.57 1.62 1.60 
(6c, 8) 1.27 1.24 1.28 
8, 10 1.62 (5, 7) 1.51 1.50 1.51 
(6b, 9) 1.37 1.40 1.40 
10, 12 1.47 (7, 10) 1.38 1.38 1.39 


7 For instance, if the higher pitched partial has a nodal circle just above the shoulder, and 
the lower pitched partial does not. 

8 The ratios for the ring are calculated from the usual equation. See, e.g., Horace Lamb, 
The Dynamical Theory of Sound, p. 136, Eq. (14). 
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and ring ratio is for (6c, 8). Here the assumption that the two partials 
have nodal circles at the same levels is less close to the fact, so that 
there is less reason to expect the ratios to be nearly the same. The 
difference in the ratios for (6c, 8) may be because of this difference in 
the levels of the nodal circles, or it may indicate that the compressional 
component in 6c is larger than in 8. 


AMPLITUDES OF COMPONENTS 


In a former paper’ we gave analyses of the sound from several bells. 
The relative intensities of the partials change with time, and our 
analyses were for the sound as it existed soon after the bell was struck, 
and at three seconds, seven seconds, and twelve seconds after the 
stroke. There was so much change between the “early” sounds and 
those obtained at three seconds that it seemed desirable to obtain analy- 
ses at other times within this range. It also seemed desirable to have 
additional “early” analyses to compare with those that we already had. 

Further oscillograms have been taken and analyzed by the same 
method as our earlier ones. Each bell was struck by the hammer that is 
permanently mounted inside of it for playing the chime. In each analysis 
some 150 to 200 ordinates were used. Fig. 2 shows the results. In our 
1931 paper we gave relative intensities, but in Fig. 2 we are following 
the more common practice of giving relative amplitudes. Instead of 
taking space for the separate analyses we have averaged the results, so 
that Fig. 2 is a composite from various oscillograms. It includes the 
analyses that appeared in our 1931 paper. 

In a number of cases two corrections have been applied. The length 
of film that is analyzed is a whole number of cycles for the partial that 
is being investigated, but it is not in general a whole number of cycles 
for other partials. The correction involved® is very small except when 
the frequency of the disturbing partial is close to that of the partial in 
question. We have applied this correction wherever it seemed worth 
while to do so. The partial 6e is very close® to the strong partial 7, and 
the correction to 6e has frequently been such as to reduce greatly the 
uncorrected value. In no other case has the correction proved large. 

In a number of cases one partial consists' of two normal modes that 
have so nearly the same frequency as to give rise to beats. At some 
time after a bell has been struck the amplitude of a given partial de- 


* On the f,g, and a bells of the Dorothea Carlile Chime the partial 6¢ is flatter than 7 by 
about 10 cents, 25 cents, and 35 cents, respectively. 
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Fic. 2. Composite spectra for several bells. 


The abscissas are the logarithms of frequencies of the partials of the large f bell (345 
cycles/sec.) in the Dorothea Carlile Chime. The dotted lines indicate octaves below and above 
the fifth partial. The numbers at the bottom of the figure designate partials. The amplitudes 
are given with reference to that of the first partial. The ordinates are the average relative 
amplitudes obtained from a number of oscillograms from several bells. Most of the oscillo- 
grams are from the f, g, and a bells of the Dorothea Carlile Chime, but a few are from the a> 
and bb bells. A dot on the axis of abscissas means that analyses were made, and that the av- 
erage amplitude found is less than 0.05 that of the first partial. The absence of either dot or 
vertical line means that no analysis was made. 

The numbers of oscillograms from which the averages were obtained are as follows. In the 
line marked “early” 9a was obtained from a single oscillogram, 6e from four, 6a, 6b, 6c, 6d, 
8, 9, and 96 from five, 10 from seven, and the rest from eight. In the half second line 6¢ is 
from a single oscillogram, and the rest from two. In the one second line every value is an av- 
erage from four oscillograms. In the remaining lines each value represents an analysis of from 
one to three oscillograms. 
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pends in part on the phase that has been reached in the cycle of the 
beats. In cases where we have had the necessary data we have applied 
an approximate correction for this effect. The method of applying the 
correction is described in an appendix to this paper. 

When a partial has a nodal circle at about the level at which a bell is 
struck we should expect the partial to be faint. On the f, g, and a bells 
of the Dorothea Carlile Chime the playing hammers strike respectively 
at levels 0.15, 0.18, 0.18. From Table I we see that that partials 3, 5, 7, 
and 10 have no nodal circles lower than about half the height of the bell. 
So we may expect these partials to be brought out strongly by the play- 
ing hammer, and from Fig. 2 we see that this expectation is justified. 
Partial 2 has its nodal circle somewhat lower, and the playing hammer 
brings it out less strongly. We have taken no oscillograms for bells 
struck higher up, but our experience shows clearly that the distribution 
of intensities is very different. When a bell is struck well up on her 
waist partials 3, 5, 7, and 10 become faint, 1 becomes stronger, and 4 is 
prominent. 

If we neglect nodal circles close to the shoulder, Table I shows that 
partials 3, 5, 7, and 10 are much alike except that they have increasing 
numbers of nodal meridians. We may therefore expect them to be 
damped at increasingly rapid rates. Although Fig. 2 does not give very 
complete evidence on this question, it does show that 5, 7, and 10 are 
much more rapidly damped than 3. Partial 3 has a larger number of 
nodal meridians than 2, and Fig. 2 suggests that partial 3 is damped 
somewhat more rapidly than 2. Partial 1, with the smallest number of 
vibrating segments, is clearly the partial that lasts the longest. 

The spectra in Fig. 2 show further, in agreement with former 
studies,*!° that when a bell is struck in the usual manner the most 
prominent partial at first is the fifth. In less than half a second—on the 
three bells that we have studied—Fig. 2 shows that the fifth has 
yielded to the third, which is then the most prominent until about four 
seconds after the stroke. After that the first partial is the most promi- 
nent. 


10 A. T. Jones, J. Acous. Soc. Am. 1, 373 (1930). 
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APPENDIX 
Correction for beats 


When a bell is not perfectly symmetrical about its axis any given 
partial is likely to be affected with beats. These arise’ from two modes 
of vibration which have the same numbers of nodal circles and nodal 
meridians, but have the nodal meridians of the one half way between 
those of the other. If there are s nodal meridians for each of these 
modes, then there are 2s azimuths at which the bell can be tapped with- 
out the production of beats. At one of these azimuths one of the modes 
is elicited without the second, and at the next the second is elicited 
without the first. 
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Fic. 3. Method of obtaining correction for beats. 


In Fig. 3, B and C represent two consecutive positions at which the 
bell can be tapped without the production of beats in the chosen partial. 
A represents the amplitude of the tone that is produced. It is assumed 
that the tone which can be produced by tapping at B dies out sinusoid- 
ally as we tap farther and farther around the bell, vanishing when we 
tap at azimuth C, as is indicated by the curve EC; and that the tone 
which can be produced by tapping at C grows in a corresponding man- 
ner, as indicated by the curve BF. This assumption makes the sum of 
the initial intensities the same for every azimuth of tapping. 

If the bell is tapped at azimuth D the amplitudes of the two com- 
ponents are represented by a and ra, so that we have 


a = A cos ((b/c)-(a/2)) and ra = A sin ((b/c)-(2/2)). (1) 


If N, and Nz stand for the frequencies of the two modes of vibration, 
and if we write 2rNi=w—e and 2rN.=w+e, we may write for the 
resultant vibration 
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a’ cos (w + 6)t = acos (w — e)t + racos (w + €)t, (2) 


where, as usual, ¢ stands for the time, and @ is a slowly changing func- 
tion of the time. By the usual method of treating (2) we obtain 


a’? = a?(1 + 2rcos 2et + r?). (3) 


It follows that at any time ¢ the amplitude of the beating tone is 
(1+2r cos 2e+r)"?/(1+r) of its original value. To correct the ampli- 
tude that is found we have multiplied by the reciprocal of this quantity. 


February 28, 1933 





A TUNING-FORK AUDIOMETER AND NOISE 
OBSERVATIONS IN NEWPORT NEWS, 
VIRGINIA 


By E. Z. STOWELL* 
Langley Memorial Aeronautical Laboratory, Langley Field, Virginia 


INTRODUCTION 


Since the suggestion of the use of a tuning fork for noise measurement 
by Davis,' the method has been given a limited trial in the hands of 
Davis! and Free.” The latter, through a comparison of the fork measure- 
ments with those obtained with a conventional electron tube audio- 
meter, came to the conclusion that the two sets of observations were 
closely comparable and that the fork method merited further exami- 
nation. 

In this paper a compact instrument of the tuning-fork type is de- 
scribed, the errors of the instrument are discussed, and noise measure- 
ments in a small city are given to illustrate the possible application of 
the instrument to this type of work. 


THEORY OF NOISE MEASUREMENT BY THE 
TUNING ForK METHOD 


The essential parts of an instrument of this kind are a tuning fork of 
known rate of decay and initial amplitude and a stop watch. The fork 
is struck; when the amplitude of the prong vibration has fallen to the 
known “initial” value, the stop watch is started. The fork is held close 
to the ear, and when the noise to be measured just masks the sound 
from the fork, the watch is stopped. Since the rate of decay of the fork 
is logarithmic, and the response of the ear is also logarithmic, the decay 
of the fork can be expressed in decibels/sec. The amount of masking 
due to the prevailing noise level is obtained by a simple subtraction of 
the decibels decay while the stop watch was running from the initial 
amplitude in decibels. The determination of the prevailing noise level 
itself from the amount of masking depends upon the fork calibration 
and the frequency spectrum of the noise and will be discussed sepa- 
rately. 


* Associate physicist. 
1A. H. Davis, Nature 125, 48 (1930). 
* E. E. Free, J. Acous. Soc. Am. 2, 18 (1930). 
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DESCRIPTION OF ASSEMBLED INSTRUMENT 


Fig. 1 shows the assembly of the complete audiometer. The tuning 
fork has a frequency of 512 cycles/sec. and a rate of decay by itself 


Fic. 1, 


amounting to 1.81 db/sec. The fork is mounted upon a solid steel block, 
and the block in turn upon a flat plate holding the mechanical striker. 
The striker consists of the tip of the hammer supplied with the fork, 
mounted on a jointed rod. In use, the striker is bent back until caught 
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by the trigger. Upon releasing the trigger, the striker is pulled toward 
the fork by a stiff spring; the motion of the lower half of the jointed rod 
is arrested, while the upper half with the hammer continues its journey 
to the fork. After impact the upper part falls back to the rest position 
shown in the figure. 

The mark upon the left-hand prong is used to determine when the 
fork has attained its known “initial” amplitude. Because of the per- 
sistence of vision, a definite pattern can be chosen which will serve to 
indicate this amplitude. A short focus lens is provided for better ob- 
servation of this pattern. The initial amplitude is determined as the 
product of the rate of decay and the time of decay from the appearance 
of the chosen pattern to the threshold value under quiet conditions. 
For this fork the initial amplitude is 116 db above the 512-cycle 
threshold. 

In order that the rate of decay shall be maintained at the low figure 
necessary for accurate noise measurement, care is necessary in the 
mounting. The striker mechanism is insulated from the fork by sponge 
rubber, and the entire fork-striker system is insulated from the wood 
base by large washers of sponge rubber. With these precautions, the rate 
of decay was changed from 1.8 db/sec. with the fork alone, to 2.0 db/sec. 
mounted. 

The stop watch is such that one cycle of the long hand is completed in 
one minute. The short hand was removed, and a photographed decibel 
scale previously calculated from the rate of decay was fastened under 
the long hand. This eliminates all computations except for possible addi- 
tions due to differences between noise level and masking level. If the 
instrument were to be used to measure one type of noise only, it would 
be possible to include this correction in the scale, making the instru- 
ment perfectly direct reading. The watch is fastened to the wood base, 
though insulated from it by rubber to protect the movement from the 
shock of the impacts. The control button of the watch is placed close 
to the trigger which releases the striker, so that these successive opera- 
tions can be performed by adjoining fingers. The assembled instrument 
weighs about one pound and can be operated with one hand; the author, 
however, finds it desirable to use both hands. In taking observations 
it is not advisable to hold the instrument still, but to wave it back and 
forth smoothly past the ear, and note the disappearance of the slow 
fluctuations. An interpolation scale is mounted upon the base to allow 
time and noise measurements to be made to the nearest 1/5 second, or 
0.4 db. 
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EXPERIMENTAL CHECK OF INSTRUMENT 


Since all noise measured by this instrument is expressed in terms of 
decibels above the 512-cycle threshold, all acoustic pressures of the same 
magnitude, regardless of frequency or wave form, should be given the 
same reading by the instrument. A trial of this was made as follows. 

An electrodynamic speaker was supplied with sinusoidal current from 
a variable frequency oscillator; the resulting sound, at a level of about 
45 db, was picked up by a condenser transmitter, passed through a dis- 
tortionless amplifier, and made to operate an output meter. The sound 
amplitude was adjusted in every case to give the same output reading, 
thus insuring identical acoustic pressures. After the adjustment, the 


— 





















= 

oO 

= 

+) 

2 i= 

po 

Ke 

2 
he 

we 

3 40 

8 

0 

4 

= 

a) 

v 

a 

10 100 512 1000 10000 
Frequency 
Fic, 2. 


microphone was moved away, and the observer’s ear substituted. In 
this position the sound was measured with the tuning-fork audiometer. 

The results are shown in Fig. 2. Each point on the curve is the aver- 
age of 10 observations. It is seen that the curve is sensibly horizontal 
except in the neighborhood of the fork frequency. In that region the 
masking effect is much increased, as has been noted by Wegel and Lane.* 
What one notes in this region is not the vanishing of the noise of the 
fork frequency, but the disappearance of beats, and the beats disappear 
more quickly than the fork sound itself. The result is that the audio- 
meter appears to be in error by amounts up to 30 db between 400 and 
700 cycles. 

This does not invalidate the use of the instrument. It is still possible 
to measure changes in noise with nearly the same spectra; as for ex- 


¥ Wegel and Lane, Phys. Rev. 23, 266 (1924). 
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ample, a reduction in some specific noise as a result of a change in con- 
ditions. For absolute measurement, however, it is necessary to know at 
least approximately whether the noise to be measured has its loudest 
components in the region of error. The noise from a siren having a 240 
cycle fundamental is measured correctly with this instrument, while the 
hum from a motor-generator set, with a maximum in the critical range, 
is estimated 25 db higher than does an electron tube audiometer. 


THE AUDIOMETER READING AND STREET NOISE LEVEL 


The Noise Abatement Commission of New York City (N.A.C.) has 
shown a constant difference to exist between the deafening effect of 
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noise and the actual noise level; in the middle band of frequencies (500- 
1500~), the noise level is 15 db higher than the level at which deafen- 
ing occurs. Thus, it might be expected that a correction factor would 
have to be applied to the audiometer readings to convert them to the 
desired noise levels. 

In order to determine this factor, advantage was taken of certain 
locations in Newport News, Virginia, where the street noise could be 
ascribed almost wholly to passenger automobiles, to count the traffic 
while measuring noise. This permitted a comparison with the N.A.C. 
results on similar noise. In Fig. 3 the straight line represents the N.A.C. 
results and the Newport News data are shown as crosses. It is seen 
that the crosses are distributed fairly close to the line, and if we neg- 
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\- lect a tendency for the readings to be 1 or 2 db too low, as being 
t within observational errors, the instrument can be considered to give 
st results directly comparable with the N.A.C. data. 

0 The explanation for this pleasing result evidently lies in the calibra- 
1e tion curve of the instrument. Actual street noise has been shown by 
e, | Galt* to have a maximum in the region of error of the instrument. The 


readings are therefore too high, but the spectrum is so adjusted that the 
error due to the increased reading just compensates the 15 db difference 
between masking level and noise level. Since all street noise has nearly 











1S 
of 
% 
; 
2! 
r " 
S1 i 
= 
¥. | 
v ; 
Q | 
W f 
v ie 
re t 
3 
> 
| 
- | 
n- 
Id the same composition, the instrument is thus strictly direct reading for : 
he street noise in general. \ 
in STREET NOISE vs. TRAFFIC IN NEWPORT NEWS : 
be A five-hour series of observations of noise and traffic was taken close 
ic to the main line of traffic on Washington Avenue, Newport News, but 
Cc. on a side street. Fig. 4 gives the results. The N.A.C. values for the 
Cc. noise in the traffic stream itself are included. The N.A.C. levels are 
en consistently higher because of the shorter distance. The variations, how- 


* R. Galt, J. Acous. Soc. Am, 2, 30 (1930). 
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ever, are reproduced closely, and it is quite certain that most of the 
noise on this street is traffic noise. The N.A.C. traffic-noise relation thus 
seems to hold in a city of the size of Newport News. 


NOISE SURVEY OF NEWPorT NEWS 


Excepting for the report of the Noise Abatement Commission of New 
York City, no complete street noise survey has been reported for any 
locality. It was thought desirable on this account to make such a survey 
in Newport News, for the double purpose of obtaining an idea of the 
sound pressures in a city of about 50,000 population, and of noting the 
performance of the tuning-fork audiometer in work of this character. 

About 500 observations were taken, divided between day and night, 
at 26 different locations, over a period of 3 to 4 months. The daytime 
observations were taken between noon and 6 P.M., and the evening ob- 
servations between 6 P.M. and 9 p.m. The observations were obtained 
inside an automobile, with two windows open and the engine quiet. 
Tests showed that no appreciable error was introduced by this proce- 
dure. From 3 to 5 observations were taken at a time for each location. 
The average distance from passing traffic was of the order of 10 feet. 

Since, as is the case in New York, the street noise in Newport News 
is determined largely by traffic, it might be expected that the average 
levels would be less than in the larger city; such proves to be the case. 
On the other hand, it is unexpected to find that the range of levels is 
greater in Newport News. The daytime range in New York extends from 
42 db by the campus of New York University to 101 db on West St.’ 
The daytime range in Newport News extends from 20 db on the 
Hampton Roads waterfront to 90 db on Washington Avenue while a 
street car is passing. 

The survey data are given in Table I, arranged in descending order 
of average level. 

The most interesting feature of this series of observations lies in the 
predominating effect of street cars. In New York, the additional noise 
created by the passage of a nearby surface car is estimated at 3 db,‘ 
while in Newport News the increase varies from 20 to 35 db. The 
amount of the increase at any given location seems to depend upon the 
area of the surrounding buildings, which serve as reflectors. The smaller 
increment of 20 db occurs in open country, near Buxton Hospital, 
where practically all the energy is radiated without reflection. 


5 City Noise, Noise Abatement Commission, New York, p. 128, 1930. 
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TABLE I. 








Level in absence of Average 
- street cars level with 
Location Remarks 
— — street 


Min. Max. Ave. cars 











Jefferson Ave. and 25th... .. .. 54.0 68.5 60.6 80.4 

Virginia Ave. and 50th........... 51.6 62.0 59.5 Level drops to 36.8 
with nearby railroad 
yard quiet; rises to 
75.2 with railroad 


whistle 

Oak Ave. and Kecoughtan Road... 46.9 59.5 55.2 

Huntington Ave.and 50th........ 49.2 63.2 55.0 

Washington Ave.and 40th........ 45.8 63.7 54.7 78.6 

Virginia Ave. and 34th........... 47.2 62.0 54.2 Level of 77.2 noted 
due to railroad whistle 

Washington Ave. and 28th. .... . 40.5 59.4 54.2 

Washington Ave. and 25th........ 51.8 55.6 54.0 85.0 

Chestnut Ave.and 25th..... ce Bee See Sa. 

Wickham Ave. and 25th.......... 46.6 60.0 53.4 

Huntington Ave. and 25th... .. . 44.4 59.0 52.9 78.8 

Washington Ave. and 3ist........ 49.9 60.0 50.9 82.3 

Virginia Ave. and 64th............ 50.0 52.4 50.9 Average level drops 
to 35.6 with nearby 
railroad yards silent 

Buxton Ave. and Kecoughtan Road 44.7 56.2 49.3 

West Ave: and SU: ..... 2.6.60 43.7 56.0 49.1 

Kecoughtan Road, City Limit..... 38.3 49.1 45.0 

Jefferson Ave. and 30th.......... 33.2 46.8 42.7 

West Ave. and 25th.......... .. 28.4 54.0 42.0 Noted level of 44.4 
due to street cars one 
block away 

WONG Pies ino ews ne xndaleweds 28.8 47.2 37.1 

Wickham and 30th.............. 28.0 50.8 37.0 

Washington and 50th....... vee SO FG - 33.5 

Huntington and 60th............ 26.4 45.2 33.5 

Huntington Ave. and 64th........ 22.8 48.4 33.3 

Buxton Hospital (waterfront)..... 19.6 39.8 32.9 54.7 

Pear Ave. and Chesapeake Ave. 24.8 25.6 25.3 

Jefferson Ave. and 12th.... 12.0 40.4 24.6 

CONCLUSION 


The tuning fork audiometer would appear to be a satisfactory instru- 
ment for the measurement of street noise, provided from 3 to 5 obser- 
vations are taken in each locality and averaged. The time necessary to 
take these observations (2 to 3 minutes) is more than compensated for, 
in the author’s opinion, by the low initial cost, the absence of tubes and 








352 JOURNAL OF THE ACOUSTICAL SOCIETY [April, 


batteries, and the extreme portability. The instrument is, of course, 
suited to measure only noises which are sustained for a period long 
enough to measure; i.e., 0-1 minute, depending on the amplitude. With 
intermittent noises, as from riveting operations, it would be necessary 
to estimate the time of occurrence of the noise beforehand, in order that 
the fork amplitude would have decayed to about the correct value when 
the noise came on. But since the disagreeable quality of noises of this 
character depends not so much upon their amplitude as upon their in- 
termittency, perhaps this is not a fundamental disadvantage. 

About one thousand observations have been taken with the instru- 
ment, and as yet there are no noticeable defects appearing in the as- 
sembly. 

Lastly, having in mind the possible use of the instrument by students 
for the measurement of sound amplitudes, it would be of interest to 
mention that inexperienced observers, after one or two trials, can check 
the author’s readings to 2 db on the average. 
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BOOK REVIEWS 


Introductory Acoustics. GrorcE W. Stewart. Pp. 195+-xi. Van Nostrand, New York, 1932. 

Price. $2.75. 

For many years acoustics occupied a position relative to that of the “forgotten man.” Re- 
cently, however, a few physicists, more engineers, and a large number of nontechnical folk 
(especially those interested in music, radio and talking pictures) have revived a wholesome 
interest in acoustics. Dr. Stewart’s researches and publications have contributed largely to 
those basic principles which are now forming the foundation for a new era in acoustics. All 
beginning students of acoustics, and the more serious students of music, speech, and psy- 
chology, will benefit greatly from a careful study of this lucid and stimulating text. Quoting 
from the preface, it is “an elementary treatise that undertakes to consider the most common 
phenomena in acoustics. The content assumes no previous preparation in physics, and utilizes 
very few mathematical expressions.” Although the text is nonmathematical, it is sufficiently 
rigorous to impart to the student a quantitative and even precise understanding of such prob- 
lems as reflection, refraction, diffraction, resonance, change of phase at reflection, the nature 
of speech and music, audibility, transmission of sound through straight and tapered tubes, 
and the physical properties of musical instruments. Particularly rigorous is the author’s treat- 
ment of the subjects of resonance and the change of phase at reflection, subjects which are not 
treated nearly so satisfactorily in many advanced books on acoustics. 

The book is thoroughly up to date. It contains a practical summary of the recent work of 
physicists and communication engineers on the energy distribution in speech and music; on 
the sensitivity, sensibility, and range of hearing; on methods of measuring hearing and deaf- 
ness; on binaural hearing; and on the transmission of sound through stethoscopes, speaking 
tubes, and acoustic wave filters. 

Quite apart from Professor Stewart’s scientific accomplishment, he has succeeded in this 
book in making available to the nonmathematical student or reader a perspicuous and thor- 
ough exposition of the fundamentals of modern acoustics. 

VERN O. KNUDSEN 
University of California at Los Angeles 


Acoustical Engineering. W. West. Pp. 331. Sir Isaac Pitman & Sons, Ltd., London and New 
York, 1932. Price $4.50. 


This book deals with elements of applied acoustics relating to electro-acoustic transducers, 
particularly in the branches concerned with the telephone, radio, phonograph and sound mo- 
tion pictures. To facilitate the solution of acoustical problems by those familiar with electrical 
circuit theory as encountered in the reproduction of sound, the author has discarded in 
text proper the use of the velocity potential function and substituted acoustical impedance 
methods. This treatment should be especially fascinating to those familiar with electrical cir- 
cuit theory. In acoustical problems of this nature there is the danger of carrying the analogies 
to the extreme and ignoring the underlying physical principles. To obviate this, the author 
has in general pointed out the limitations of the formulas. For those who wish to pursue the 
subject further, the use of the velocity potential function is given in the appendix. 

The elements of electro-acoustic transducers, involving electrical, mechanical and acousti- 
cal systems, are treated theoretically and illustrated by experiments. These principles are then 
applied to a combination of these elements in the design of microphones, loud speakers, tele- 
phone receivers, etc. 

The text combined with the problems should give the student a knowledge of the elements 
of acoustical engineering. For specialists and those whose interest goes beyond the underlying 
principles, the large list of references under each subject discussed should prove valuable. 
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The brief treatment of architectural acoustics, physiological acoustics, noise measure- 
ment and articulation testing may be classed as a summary of these fields and serves only as 
an introduction to these important branches of acoustics. 

The subjects covered are: mechanical vibrating systems, acoustical and mechanical im- 
pedances, distortion of sound, transient phenomena, loud speakers and microphones, acousti- 
cal measurements, absorption by solid materials, architectural acoustics, physiological acous- 
tics, noise measurement and articulation testing. 

Harry F. OLSon 
RCA Victor Company, Inc. 
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An Efficient Miniature Condenser Microphone System * 
By H. C. HARRISON and P. B. FLANDERS 


It has been shown recently that microphones and contiguous amplifiers 
distort the sound field in which they are placed by reason of their size and 
the cavity external to the diaphragm of the microphone. For frequencies 
such that the size is large compared to the wave-length of perpendicularly 
incident sound, reflection causes the actuating pressure to be double that 
which would exist in the undisturbed field. If the direction of the incident 
sound be along the plane of the diaphragm, the increase of pressure due to 
reflection is not as great; but there may be a substantial reduction in 
effective pressure due to differences in phase across the diaphragm. In 
addition, cavity resonance produces an increase of pressure at frequencies 
usually within the working range of the microphone. 

This paper describes a laboratory model of a Wente-type condenser 
microphone of high efficiency and an associated coupling amplifier which 
are of such small size that reflection and phase-difference effects are of 
negligible importance within the audible frequency range; while the cavity 
is so proportioned that its resonance effect is an aid rather than a detriment 
to uniformity of response in a constant sound field. 


EVERAL writers ! have recently called attention to the fact that 

a microphone distorts the sound field in which it is placed by 
reason of its size and the cavity external to the diaphragm. The 
distortion due to size was first mentioned by I. B. Crandall and 
D. MacKenzie in 1922.2 It is a function of the direction of the sound 
with respect to the diaphragm.’ The distortion due to cavity reso- 
nance is substantially independent of direction and depends mainly 
on the relation between the dimensions of the cavity and the wave- 
length of sound. 

If a microphone were to be designed so that it would respond 
uniformly to sound coming from any direction, it is apparent that 
first the size would have to be diminished to such an extent that 
reflection and phase-difference effects became negligible. Secondly, 
the cavity would either have to be eliminated entirely * or else be so 
proportioned that resonance occurred at frequencies above the reso- 
nance frequency of the diaphragm, where the response of the latter 
was diminishing. Such mutual compensation is possible in a small 
microphone and the effect is substantially independent of the direction 
of sound. 


* Presented before Acous. Soc. Amer., New York, N. Y., May 3, 1932. 

1A, J. Aldridge in P. O. E. E. Jour., Oct., 1928, pp. 223-225; S. Ballantine in 
Phys. Rev., Dec., 1928, pp. 988-992; W. West in J. E. E. Jour., 1929, pp. 1137-1142. 

2 Phys. Rev., March, 1922. 

§L. J. Sivian in B. S. T. J., Jan., 1931. pp. 96-116. 

4S. Ballantine in ‘‘ Contributions from the Radio Frequency Laboratories,” 
No. 18, April 15, 1930. 
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This paper will discuss the factors relating the dimensions of a 
condenser-type microphone system with the several types of field 
distortion, and will describe a miniature system designed to practically 
eliminate such distortions over a wide frequency range. 


DIFFRACTION OF SOUND AROUND AN OBSTACLE 


The shapes of condenser microphones alone or in association with 
amplifiers are so irregular that it is impossible to calculate their effect 
as diffractors of sound waves. It will suffice, however, to assume 
some regular shape approximating actuality, for which calculations 
can be made. The diffraction effects so obtained for the regular shape 
will be substantially the same as those caused by the actual irregular 
shape, provided their areas projected on the plane of the incident 
sound-waves be equal. Cavity resonances, of course, may be quite 
different in the two cases. But these can be treated as separate 
effects, and will be so considered in a later section of the paper. In 
this section, only those disturbances of the sound field, caused by the 
smooth envelope of the microphone alone or with its amplifier, will 
be considered. 

The case of diffraction of plane sound waves around a spherical 
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Fig. 1—Variation in pressure on rigid sphere due to diffraction of plane sound waves. 
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obstacle is amenable to mathematical treatment, and was considered 
theoretically by Raleigh. Quantitative consideration of the effect at 
a point on a sphere directly in line with the oncoming sound has been 
given by S. Ballantine.' Fig. 1 shows the effect for other polar 
angles around the sphere, as computed from Ballantine’s equation. 
Of particular theoretical interest is the curve for a polar angle of 
180°; that is, the point that should be most completely ‘‘shadowed”’ 
from the sound. Actually, no shadowing effect appears, the pressure 
remaining substantially equal to that of the undisturbed field. This 
case is analogous to that where diffraction of light causes a bright spot 
to appear in the center of the shadow of a circular disk. The area of 
this acoustic bright spot is small, as may be seen by the pronounced 
shadowing of a point only 223° away. Because of its small area, 
it is impractical to make use of the effect in microphone design. 


EFFECT OF PHASE-SHIFT IN A PLANE SOUND WAVE TRAVELING 
ALONG THE PLANE OF THE DIAPHRAGM 


In Appendix I is given an approximate calculation of the reduction 
in effective pressure on a circular diaphragm, due to the change in 
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Fig. 2—Loss in effective pressure due to phase-shift in plane sound waves traveling 
across circular diaphragm. 


phase of a progressive plane wave traveling across it. The effect is 
plotted in Fig. 2. As might be expected, the reduction becomes 


' Loc. cit. 
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considerable when the diameter of the diaphragm exceeds the wave- 
length. Since in normal use, a large proportion of the sound actuating 
the microphone comes in a transverse direction, the distortion due co 
this phase-cancellation effect may often be more serious than the 
distortion due to diffraction. . 


CaviTy RESONANCE 
The effect of a cylindrical cavity on the pressure actuating a dia- 
phragm is given by equation (5) in Appendix II and is shown graphi- 
cally in Fig. 3. It is apparent that the larger the ratio of diameter 




















Fig. 3—Gain in effective pressure on circular diaphragm due to cavity resonance. 


to wave-length, the smaller is the resonance effect; and that the greater 
the ratio of a given diameter to the depth of the cavity, the higher the 
frequency at which such resonance occurs. There is, of course, more 
than one resonance. However, for the higher resonances there is a 
greater ratio of diameter to wave-length with a consequent increase in 
damping; so that the resonance effect is less pronounced. Compared 
to the primary resonance, the secondary resonances are, as a rule, 
of negligible importance. 


AcousTIC AND ELECTRICAL CONSIDERATIONS AFFECTING THE SIZE — 


OF A CONDENSER MICROPHONE 


If diffraction effects for all angles of incidence are to be negligible 
in a frequency range extending, for example, to 15,000 c.p.s., it is 
apparent from Fig. 1 that the diameter of the microphone should not 
be greater than about a tenth of an inch. Assuming that all other 
dimensions and characteristics remain fixed, including the resonance 
frequency of the diaphragm and the ratio of dead to active capacity, 
it can be shown that as the diameter of a condenser microphone 
diaphragm is decreased, the ratio of generated voltage to actuating 
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pressure remains constant. The diameter can not be decreased 
indefinitely, however, because of the limitations of amplifiers with 
which the condenser microphone must of necessity be closely associ- 
ated. The resistor for feeding the polarizing voltage and the grid 
biasing resistor must be increased as the diameter of the diaphragm 
(and consequently the active capacity) is reduced, in order that, at 
low frequencies, the same proportion of generated voltage may get 
to the grid of the amplifier tube. They must not be made too large, 
however, for then the voltages due to thermal agitation ® in the 
resistors will become comparable to the signal voltage. Similarly, 
the capacity of the input leads, vacuum tube and resistors will become 
comparable to the lowered capacity of the microphone, with a conse- 
quent reduction in signal voltage at the grid, over the whole frequency 
range. The actual limit in reducing microphone size can not be 
defined accurately; but it is definitely greater than one-tenth of an 
inch. 

Further consideration of the diffraction problem, however, shows 
that such an extremely small size is not really necessary in order to 
practically eliminate sound-field distortion. When sound is picked 
up indoors at some distance from the source, the directly incident 
sound contributes much less to the microphone output than does the 
reflected sound arriving from other angles of incidence.2 The greater 
part of the effective actuating pressure comes then at polar angles in 
the vicinity of 90°, where the diffraction effect is much less pronounced. 
If 90° be taken as an effective average angle, it is seen from Fig. 1 


_ that the diameter of a microphone need only be reduced to about 


six-tenths of an inch in order to make this type of distortion negligibly 
small. 

If sound is picked up out-of-doors, or indoors near the source, 
the directly incident waves predominate over the reflected waves. 
For this case it will suffice to place the microphone so that the sound 
arrives at a polar angle of 90°; and a six-tenths inch diameter is still 
sufficiently small. 

Inspection of Fig. 2 shows that the phase-difference loss is about 
1 db at 10,000 c.p.s. for this diameter; so that six-tenths of an inch 
can safely be chosen as an acceptable design value. 


THE AMPLIFIER 
Consideration has now been given to the problem of reducing the 
size of a microphone to such an extent that it would not appreciably 
disturb the sound-field. But all such labor is in vain if the size of 


5]. B. Johnson, Phys. Rev., July, 1928, pp. 97-109. 
* Loc. cit. 






































——s 


—————— 





456 BELL SYSTEM TECHNICAL JOURNAL 


the coupling amplifier’ be not correspondingly decreased, since, for 
efficient operation, the high impedance of the microphone necessitates 
a close spacial coupling between the two. 

Use of a special miniature type vacuum tube affords the possibility 
of materially reducing the size of the coupling amplifier. It is but 
slightly greater in diameter than the microphone just described, the 
inter-electrode capacities are quite low, and the plate resistance is not 
too high. This tube, with the necessary coupling resistors and a 
small stoppage condenser are placed within a cylindrical metal tube 
of about 0.8 inch diameter, to one end of which is attached the con- 
denser microphone. From the other end of the cylinder extends a 
shielded cable along the axis of which runs the plate lead from the 
vacuum tube. This cable is constructed so that the capacity of the 
lead to ground is small. Surrounding the lead are two filament 
supply conductors and a conductor for supplying polarizing voltage 
to the microphone. The impedance between these and ground being 
very small, their capacity to ground may be as large as desired. 
Of course, the longer the connecting cable, the lower must be the 
capacity of the plate lead per unit length. The second stage, to 
which the cable runs, may be large, and as distant from the miniature 
first stage as is consistent with these lead capacity requirements. 





Fig. 4—View of miniature microphone and attached miniature coupling amplifier, 
together with second amplifier stage. 
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The miniature microphone and the miniature vacuum tube with neces- 
sary coupling resistors and a stoppage condenser are contained in the 
metal tube shown in the right foreground of Fig. 4. The dimensions 
of the container tube are about 7.5 inches long and 0.8 irich in di- 
ameter. The carrying case houses the second stage amplifier together 
with other accessories. 

CONCLUSION 


For the same frequency range, the efficiency of this miniature 
microphone as determined by a thermophone calibration is about 
2.5 db greater than that of the 394W type, because of a lower pro- 
portion of dead to active capacity. In combination with a well 
designed amplifier, the efficiencies as determined by the voltages on 
the grid of the tube are about equal, most of the proportional contribu- 
tion to dead capacity in the one case coming from the amplifier, 
and in the other case from the microphone. 

In this miniature condenser microphone, the diaphragm is tuned 
higher than is the 394W, so that the efficiency in association with the 
amplifier is about 3 db lower than that of the 394W. The resonance 
of the external cavity gives a maximum lift in response of about 3 db. 
The microphone as a whole responds uniformly up to 10,000 c.p.s. 
The diffraction and phase-difference effects are negligible up to that 
frequency. 
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Fig. 5—Pressure and field calibrations of miniature condenser microphone, showing 
cavity effect. 
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Curves showing the constant pressure and constant field * calibra- 
tions of this microphone are given in Fig. 5. 

The work on this miniature microphone system has so far been 
essentially of a research nature, and its use has been directed primarily 


3 Loc. cit. 
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to fundamental laboratory problems in the field of sound measure- 
ments. The necessary work toward commercialization has not been 
effected, in view of the high quality performance and certain practical 
advantages of available types of microphones. 

APPENDIX I ’ 


For a stretched membrane, the equation expressing the statical 
deflection ¢ as a function of the radius r, for a symmetrical distribution f 
of pressure 9, is ® 


ao SiS 
(1) . -AG3: 


where 7 is the tension coefficient. Two integrations give 


(2) emo Ff oe la 


where R is the bounding radius. The central displacement is evidently 


(3) mils fra | ar 


Now, considering the case of a progressive plane wave 
pb = P cos (wt — kx) ( 
2a 
wave-length 
sion can be computed for the average pressure on the boundary of the 
circle of radius r. From Fig. 6 it is clear that 


( where k= ) traveling across this membrane, an expres- 


x = R-rcos@ 
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Fig. 6— ( 
® See Lamb’s “ Dynamical Theory of Sound,” § 54. 
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and hence that 


p = P cos [(wt — kR) + kr cos 0] 
= P{cos (wt — RR) cos (kr cos @) — sin (wt — RR) sin (kr cos 6) ]. 


The average pressure is 


1 7 
Pav sie zi pdé 
= P cos (wt — kR) 


T 


{ cos (kr cos 0)dé 
0 


- sae sin (kr cos 6)dé. 
. 0 


Here the second integral is zero, while the first may be written 


. 2P a [2 
Pav —— cos (wt — kR) f cos (kr cos 6)dé 
0 


2P a : 
— cos (wt — eR) { cos (kr sin 6)dé 
0 


and is readily identified as a Bessel function. 
(4) Pav = P cos (wt — kR)Jo(kr). 


Substitution of (4) in (3) gives an approximation to the total effect 
(on the central displacement) of these average pressures acting over 
the whole diaphragm. 


(5) ty = aaa a ef Joer)rdr] dr. 
0 0 


Now 


f " Ideyrde = © Thr) 
: k 


and 
R{ 1 
{ = Si(krydr = 55 [1 — Jo(RR)] 
0 
so that 
(6) — 7 cos (ot — ER) [1 — Jo(kR)]. 


The displacement when R is small compared to the wave-length, i.e. 
k = Ois 
, _ PR® cos wt 

+ gee 


(7) to 
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The ratio of (6) to (7) in amplitude is 


fo| _ 41 — Jo(RR) ] 
Eo’ (RR) " 
which is plotted as db loss vs. RR in Fig. 2. 

There are two approximations involved in this analysis, both 
involving equation (3). One is that for » (which should be constant | 
for a given r), can be taken the average of the actual pressures around 
the circle of radius r. The other is that the shape of the static deflec- 
tion curve represents the actual shape up to the highest frequencies 
of interest in (8). 


(8) 








APPENDIX II 


Assuming (1) that the air particles, in the plane of the entrance to 
the cavity, all move in phase with equal velocities v; which are normal 
to that plane, and (2) that the impedance per unit area of the micro- 
phone diaphragm is large compared to pc, where p is the density of 
air and c is the velocity of sound, the following three relations hold: 
From the theory of plane wave propagation in a tube, 


(1) p2 = pi cos kl — tpcv, sin kl 


where ; is the pressure in the plane of the entrance to the cavity of 
depth / and 2 is the pressure at the diaphragm. Also, the input 
impedance per unit area of this closed cylindrical tube is 


(2) Do — sped, 


9) 


“1 


Now /; is equal to the pressure P that would exist at the opening if 
the air particles were held. stationary, diminished by the drop in 
pressure due to their motion and the consequent radiation from the 
opening. In symbols, 


(3) p: = P — pcla + ib)n, 


where (a + 1b) is the radiation impedance coefficient given by Raleigh ? 
for the case of a circular piston in an infinite wall: 


_  — Zu(2kR), 

4) ‘e kR 
gu 8kR"=2 2"\n 2 om 
a aes D( peta) (~ <ee)". 


7“ Theory of Sound,” Vol. II, § 302. 


MINIATURE CONDENSER MICROPHONE SYSTEM 


Elimination of p; and »v, from the first three equations gives 


(5) Fa = V(cos ki — 6 sin kl)? + a? sin? kl 


as the expression for the change in acoustic pressure on a diaphragm, 
caused by the entrance cavity.’ It is plotted as db gain in Fig. 3. 
Similar calculations have been given by other writers.*: ® 


8 Numerical values of the functions a (RR) and b(RR) are given in Crandall’s 
“Theory of Vibrating Systems and Sound,” Fig. 19, p. 172. 

3 Loc. cit. 

9W. West, in Jour. I. E. E., April, 1930. 








A Method of Measuring Acoustic Impedance * 


By P. B. FLANDERS 


An apparatus s described whereby acoustic impedances may be measured 
in terms of a known acoustic impedance and the complex ratios of two elec- 
trical potentiometer readings to a third. As a known impedance, there is 
chosen the reactance of a closed tube of uniform bore which is an eighth 
wave-length long. The electrical readings are obtained by balancing the 
amplified output of a condenser transmitter against the electrical input of 
the source of sound. The condenser transmitter picks up the acoustic 
pressure at the junction of the sound-source and the attached impedance. 
A balance is made for each of three successively attached impedances: (1) 
a closed tube an eighth wave-length long, (2) a rigid closure of the sound- 
source, and (3) the impedance to be measured. The unknown acoustic im- 
pedance Z is then calculated in terms of the known acoustic impedance Zp 
21 — 22 


by means of the equation Z = Z, mf where 2), 22 and 2; are, respectively, 
on 


the three electrical impedance settings of the potentiometer. As indicated 
by this equation, the constants of the electrical circuit are involved only as 
ratios, so that the response characteristics of the source of the sound, con- 
denser transmitter and amplifiers (provided they are invariable) do not affect 
the measurement. 

Illustrations are given of impedance measurements on a closed tube of 
uniform bore, a conical horn, an exponential horn, an “ infinite ’’ tube, and a 
hole in an “ infinite ”’ wall. 


HE progress in acoustics during the past few years has caused 
acoustic impedance measurement to have the same relative 
importance that impedance measurement in electrical work has had 
for many years. The concept of acoustic impedance is derived from 
the analogy! that exists between electrical and acoustic devices, as 
shown by the analogous differential equations describing their action. 
Acoustic impedance is usually defined as the complex ratio of pressure 
to volume velocity (or flux) but it is sometimes more convenient to 
deal with ratios of pressure to linear velocity or force to linear velocity. 
The magnitudes of these are interrelated, of course, by powers of the 
area involved. 

The earliest efforts to measure acoustic impedance seem to have been 
made by Kennelly and Kurokawa.? In their method, electrical 
measurements were made of the motional impedance of a telephone 
receiver, with and without an attached acoustic impedance. Except 
for frequencies near resonance, the method was inaccurate because 
the acoustic impedance was associated with a relatively large mechani- 
cal impedance. 


* Presented before Acous. Soc. Amer., New York City, May 3, 1932. 
. ' pes analogy was first pointed out by A. G. Webster in Nat. Acad. of Science, 5, 
275 (1919). 
2 Proc. Am, Ac, Arts and Sc., 56, 1 (1921) 
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Later, a direct method was described by Stewart * who measured 
the change in acoustic transmission through a long uniform tube when 
the unknown impedance was inserted as a branch. 

The apparatus to be described in this paper measures acoustic 
impedance directly in terms of a known acoustic impedance and three 
balance readings of an electrical potentiometer. The only assumptions 
involved in the method are that the elements of the apparatus be 
invariable during a measurement, and that the value of the comparison 
acoustic impedance be known accurately. 


APPARATUS 
Fig. 1 shows the general arrangement of the apparatus. An oscil- 
lator feeds electrical energy into a loud speaker where a portion is 
converted into acoustic energy which travels along the tube and into an 


LOUD 
SPEAKER 


OSCILLATOR 


AMPLIFIER CONDENSER 
TRANSMITTER 


VARIABLE 
RESISTANCE 


VARIABLE 
MUTUAL 


HEAD PHONES INDUCTANCE 


Fig. 1—Schematic circuit of acoustic impedance measuring apparatus. 


attached impedance. A canal about 0.06 inches in diameter picks up 
the sound pressure at the junction of the tube and the attached im- 
pedance, and passes it along to a small condenser transmitter. A 
corresponding voltage, generated by the transmitter, is amplified and 
the current output of the amplifier passed through a variable resistance 
in series with the primary of a variable mutual inductance. 

The same oscillator also feeds energy through a second amplifier at 
the output of which the voltage is balanced (by the null method) 
against the voltage drop across the variable resistance and the second- 
ary of the mutual inductance. 

* Phys. Rev., 28, 1038 (1926). 
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At the end of the tube from the loud speaker are three different 
impedances. One is the reactance offered by a closed tube of uniform 
bore. The closure is formed by a well-fitting plunger whose position 
in the tube may be adjusted. The second is the infinite impedance 
offered by a rigid wall closing the end of the tube from the loud speaker. 
The third is the impedance to be measured. All three impedance 
elements are fixed in position. The loud speaker, tube, condenser 
transmitter and associated amplifiers are, however, mounted together 
on a carriage which can be rotated so as to bring any one of these 
impedances into alignment with the tube. For brevity, reference to 
these three positions will hereinafter be to positions 1, 2, and 3. 

For any one frequency a balance is obtained for each of the three 
positions. These three electrical readings and the reactance value of 
the closed tube are sufficient to determine the impedance being 
measured. 

A photograph of the apparatus is shown in Fig. 2. 





Fig. 2—View of acoustic impedance equipment, showing loud speaker, tubes, con- 
denser transmitter amplifiers and small horn in position for measurement. 


THEORY 

Thevenin’s theorem ‘ states that, in an invariable electrical network, 
the current in any branch is equal to the current that would flow in a 
simple series circuit composed of an electromotive force and two 
impedances. The electromotive force is the voltage that would 
obtain at the branch terminals on open circuit. The impedances are 
the impedance at the terminals looking back into the source of power, 
and the impedance of the branch. 


‘K. S. Johnson’s “Transmission Circuits for Telephone Communication,” Ch. 


VIII. 
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Since the differential equations of acoustics are analogous to those 
of electrical lines and networks, the theorem may be applied to the 
action of this apparatus with a considerable saving in labor.§ 

By Thevenin’s theorem then, the tube, loud speaker, oscillator, etc. 
may be replaced by one pressure and one impedance. The pressure is 
the ‘“‘open-circuit’’ pressure at the end of the tube, or in other words 
the pressure that would be exerted on a rigid wall if placed there. 
The impedance is the complex ratio of pressure to velocity at the end 
of the tube which would exist if acoustic energy were sent into it toward 
the loud speaker, the oscillator being shut off. In electrical terms, this 
would be called the impedance looking into the source. The velocity 
or acoustic current that flows into an impedance attached to the end is 
then the current that would flow in an analogous circuit composed of 
this vibromotive force or pressure and the two impedances in series. 
This impedance diagram is given in Fig. 3. 


Fig. 3—Impedance diagram for Thevenin’s theorem. 


E is the open-circuit voltage or pressure, T the impedance looking 
into the source of sound at the junction, and Z the attached impedance. 
The pressure e at the junction of 7 and Z is, of course, the velocity- 


current 5 in the loop, multiplied by Z. The three equations for 


three values of attached impedance are 


a _ EzZy 
Z=Ze, ee ke 
Z= oo, i E, 
— 
T+2Z 
The two unknown quantities, E and 7, can be eliminated giving one 
equation 


p= 2, 3 


5 A more direct proof of Thevenin’s theorem as applied to acoustics is given by 
W. P. Mason in B. S. T. J., 6, 291 (1927). 
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whereby Z may be calculated in terms of Zo and two ratios of pressures 
at the junction. 

Referring now to Fig. 1 it will be seen that the current through the 
resistance and mutual primary is proportional to the pressure at the 
junction. The drop in voltage across the secondary and the resistance 
is equal in magnitude and opposite in phase to a voltage proportional 
to E, when no current passes through the head-phones. If & signifies 
the circuit constant and if z be the impedance value of the resistance 
and the mutual inductance, then ez = RE; and the above equation 
becomes 


where 7 is the resistance component of z and m is the mutual inductance. 

The reactance of a closed tube of uniform bore whose length is one- 
eighth the wave length of sound for the measuring frequency is chosen 
as the known impedance. If dissipation in the tube be neglected, the 
impedance is readily calculated * to be a pure negative reactance of 41 
mechanical ohms per square centimeter 7 at a temperature of 20° C. 
This value is chosen because it is of the same order of magnitude as 
most acoustic impedances. By mechanical ohms per square centi- 
meter is meant the complex ratio of pressure to the linear velocity of the 
air. The justification for assuming negligible dissipation will be ap- 
parent when measurements made on a closed tube, several wave- 
lengths long, are described. 

In making measurements, the three impedance values necessary for 
balance are read for the three impedance conditions in the 2-1-3 or 
2-3-1 order. Afterwards, as a check to ensure that the circuit constant 
has not changed during the measurement, condition 2 is measured 
again. This series of four measurements is repeated for each fre- 
quency. 

APPLICATION 


Fig. 4 shows the results of measuring the reactance of a closed tube. 
The tube was 2.4 inches long and 0.7 inch in diameter. The com- 
parison impedance was the calculated reactance of this same tube in 
the one-eighth wave-length condition, assuming no dissipation. ‘The 
impedance was also calculated,’ taking into account viscosity and 


® See I. B. Crandall’s “‘ Theory of Vibrating Systems and Sound,”’ p. 1 


04. 
7 See definitions 8007 and 8011 in ‘Standardization Report of I. R. E.” in “‘ Year 
Rook of I. R. E.,” 1931. 


8 See Rayleigh, ‘Theory of Sound,” Vol. II, pp. 318 and 325. 
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losses through heat conduction, for frequencies near the half wave- 
length anti-resonance, where dissipative effects are most pronounced. 
It will be seen from Fig. 5 that there is a close agreement between the 
. theoretical curve and the measured points. It seems reasonable, 
therefore, to assume that the value chosen for the comparison im- 
pedance is quite accurate. 

Fig. 6 shows the impedance of a conical horn and Fig. 7 that of an 
exponential horn. In both cases, the mouth of the horn projected 
through a window into open air, so as to minimize reflection effects 
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Fig. 4—Acoustic reactance of closed cylindrical tube, 2.4 inches long and 0.7 inch 
in diameter. 





from external objects. Reflection effects from the mouth, where there 
is a change in impedance, are present, however, and these appear as 
oscillations of the impedance about a mean which is the characteristic 
impedance of the horn. By characteristic impedance is meant the 
impedance that would obtain looking into the throat of the horn were it 
infinite in length. 

Fig. 8 is the impedance of an “infinite” tube. The tube was actually 
112 feet long and coiled into a helix. At low frequencies, where the 
dissipative losses are small, reflection effects from the open end are 
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Fig. 5—Acoustic impedance of closed cylindrical tube, 2.4 inches long and 0.7 inch 
in diameter, showing agreement between measured and calculated values. 
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Fig. 6—Acoustic impedance of 38 inch conical horn, having end diameters of 0.7 inch 
and 28 inches. 
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observed as oscillations of the impedance at about 5-cycle intervals. 
An examination of the measurements in this oscillatory region (Fig. 9) 
will make evident the precision of the apparatus. 

Fig. 10 shows the radiation impedance of a hole, 0.7 inch in diameter 
and surrounded by a flange which approximates an infinite wall for 
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Fig. 7—Acoustic impedance of 6 foot exponential horn, having end diameters of 
0.7 inch and 30 inches. 
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Fig. 8—Acoustic impedance of 112 foot open tube, 0.7 inch in diameter, coiled into 
helix. Measuring frequencies chosen at random. 
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Fig. 9—Acoustic impedance of 112 foot open tube, 0.7 inch in diameter, coiled 
into helix. Measuring frequencies chosen at half and one cycle intervals to show 
oscillatory character of impedance. 
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Fig. 10—Acoustic radiation impedance of hole, 0.7 inch in diameter, in flange having 
diameter of 6 inches. 


the frequencies of interest. The dotted lines are the resistance and 
reactance as calculated by the equations of Rayleigh.® 
* “Theory of Sound,” Vol. II, p. 164. 





